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Introduction 


ELECTRONICS IT'S EASY was first published as a series of 36 monthly articles in 
Electronics Today International. It was subsequently republished as three separate 
volumes, during the period 1975-1976. The first editions have proved extra¬ 
ordinarily popular - over 45,000 copies have been sold in Australia and Britain. 

This is the second edition of Volume 2, it contains chapters 13 through 24. It is 
essentially the same as the first edition except that a few textual changes have been 
made to assist clarity and several references have been revised and/or updated. 

The author would like to thank Brian Chapman ex-Technical editor of Electronics 
Today International for his really first class work in originally editing this series. 
Thanks also to Maree Breen for her care and patience in turning many hundreds 
of my rough pencil sketches into clear and concise engineering drawings — and 
to Jan Vernon B.A., for her work in turning the original monthly series into 
book form and for subsequently editing this, the second edition of the book. 


Peter Sydenham M.E., Ph.D., F. Inst. M.C., F.I.I.C.A. 
University of New England, Armidale, NSW, 
Australia. 

March 1977. 
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They range from tiny batteries to 
huge engine-driven generators. Each 
application has to be considered 
individually and the appropriate means 
chosen to suit the requirements of the 
circuit and the way it is to be used. 
Can the supply provide enough power? 
TJoes it provide the desired conditions 
of portability? - (in the field the 
weight of the supply may be critical). 
Is the method used economic? 
(batteries may be simple to use but 
their replacement can be costly). Is a 
non-portable supply already available 
for use? (such as the electricity mains). 
Sometimes a power supply already 
operating on some existing equipment 
may have adequate spare capacity. 

There are many known methods of 
producing dc power. Batteries use 
electro-chemical action; rotating 
generators move conductors in a 
magnetic field to generate electricity; 
the mains supply (derived by rotating 
generators) is rectified to produce dc, 
fuel cells combine chemicals (still an 
exotic way to produce energy); 
thermo-electric Systems generate 
electricity from thermo-couples or 
solar cells. 

However the two most common 
sources of dc are firstly from batteries 
and secondly transformer/rectifier 
systems driven from the mains ac 
supply. 

BATTERIES 

In 1792 Italian anatomist Luigi 
Galvani, whilst working on dead frogs, 
discovered that the frog's legs twitched 
when touched with two dissimilar 
metals. The same phenomena occurred 
when the frog's legs were attached to 
an electrostatic generator. He 
(wrongly) attributed this to an effect 
which he called "animal electricity". 

However, another Italian professor, 
Alessandro Volta, investigated the 
effect in 1800 and, showed that it did 
not depend on the animal tissue, but 
upon electrical generation due to two 
dissimilar metals being separated by a 
conductive solution. He thus showed 
two important things — that animal 
muscle was activated Electrically, and 
that electricity could be generated 
chemically. (Previously only static 
electricity was known.) 

Volta produced the first practical 
battery, called at that time a voltaic 
pile, by placing moistened paper sheets 


OUR COU RSE, so far, has concentrated 
on developing basic electronic system 
blocks from combinations of passive 
and active components. You will have 
seen that, with each type of circuit, 
there is a requirement for some sort of 
power supply, although, there are 
some very rare circuits that may be 
powered by signal energy alone. 

The provision of power for electronic 
circuits, is hence of primary 
importance. In the circuit illustrations, 
used so far, power^supplies have been 
of a very simple Gind, but, in some 
circumstances, they may be quite 
complex and expensive. Hence, before 
developing our circuitry still further 
we must gain a better understanding of 
the types of supply and the methods 
of implementing them. 
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The most commonly used source of 
electrical energy is that provided by 
the power mains and this, as we know, 
is alternating current (ac). However 
electronic circuits, in the majority of 
cases, need direct current (dc) 
supplies. Hence a discussion of power 
supplies for electronic systems must 
cover firstly the production and 
secondly the stabilization of dc 
voltages. 

PROVISION OF DC 

The source of dc power for 
electronic circuits, at any particular 
voltage, must be convenient, economic 
and easily started and stopped a? 
required. 

A wide range of basic power supplies 
is available to choose from — see Fig. 1 


The sources 
of power 











Fig. 1. Power sources for 
electronic systems may vary 
from dry batteries, engine 
driven generators, thermo¬ 
electric (as the solar-cell 
powered buoy, page 5) 

— to specialised 
laboratory power units 
deriving their energy 
from the mains. 


between alternate sheets of copper and 
zinc as shown in Fig. 2a. He also made 
cells in which the separating fluid 
(now called the electrolyte) was a 
liquid. His wet-cells used rods of zinc 
and copper, placed apart, in a diluted 
solution of sulphuric acid (Fig. 2b). 
Volta thought that the solution merely 
separated the electrodes without 
playing any vital role. We now know 
differently. 

The fluid (it can also be a paste or 
solid) acts as an electrolyte. That is, 
the dissolved compound dissociates 
into positive and negative ions, 
however, the electrolyte has overall 
electrical balance. 

When the copper and zinc electrodes 
are inserted an electric field is set up in 
the boundary layer between each 
electrode and the electrolyte. With the 
copper/zinc cell the copper is at a 
lower potential than the acid and the 
zinc is at an even lower potential. 

The cell thus has an electromotive 
force between the electrodes which 


This 1912 Baker 
Electric is now driven by 
solar energy! An array of 
10 640 silicon solar cells 
mounted on the vehicle's 
roof charge intermediate 
storage batteries. Final 
drive is via the Baker’s 
original dc electric motor 
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EXTERNAL 


VOLTA'S PILE 



Fig.2. Cross sectional diagrams of the first electrochemical cells — VOL TA 'S pile and'wet cell. 


depends on the difference in potential 
between the copper and the zinc. 

When the electrodes are connected to 
allow electrons to flow, the dissociated 
ions move towards the electrode of 
opposite polarity. For example, in 
Volta's wet cell, the zinc electrode 
combines with the negative sulphate 
ions leaving the zinc electrode with an 
excess of electrons. These electrons 
flow through the external circuit to 
the copper electrode where they 
combine with the hydrogen ions to 
produce free hydrogen. 

Many combinations of electrodes and 
electrolytes may be used to form cells 
in a similar manner. Some 
arrangements are more useful than 
others by virtue of higher energy 
capability, and hence many of the 
original systems developed have now 
been discarded as inefficient. 

DEPOLARIZATION OF CELLS 

The formation of gas on an electrode 
(hydrogen in the voltaic cell) becomes 
an effective insulator and may cause 
the cell to cease working efficiently or 
even completely. If the gas (or other 
product, eg solid in some cells) can be 
chemically removed, as it is formed, 
the cell will continue to produce 


power until the negative plate material 
has been used up - it redeposits on 
the other plate. Such an additive, 
which maintains full cell efficiency, is 
known as a depolarizer. 

PRACTICAL BATTERIES 

The electrochemical process just 
described can be optimized to either 
produce electricity or to store it for 
reuse. Cells providing power from an 
initial chemical charge are called 
primary cells. Those that are made 
intentionally to store power are called 
secondary cells (also called 
accumulators in earlier literature). 
Some combinations and designs will 
act as both, but usually a primary cell 
is a throwaway item. A secondary cell 
usually requires charging (the process 
of storing electrical energy) after 
manufacture, and may be recharged as 
often as is necessary. 

PRIMARY CELLS 

The most commonly used primary 
cell is the well-known dry-cell (or 
more ^correctly, the Leclanche cell, 
after the original developer who 
introduced it in 1877). It is made, as 
shown in Fig. 3, from a zinc can 
containing a central carbon rod 


surrounded by, firstly, a depolariser 
(manganese dioxide) and then the 
electrolyte which is in paste form 
(ammonium chloride, zinc chloride, 
water and a filler material). The basic 
cell is made in many sizes and is also 
packaged as groups of cells connected 
in series and/or parallel to provide 
either greater capacity at the 1.5 V 
delivered per cell — or increased 
voltage. For example 90 V batteries 
(constructed from sixty 1.5 volt cells) 
were extensively used in the days of 
valve-circuit portable radios. 

There are many alternatives to the 
basic Leclanche cell. All have 
characteristics which make them 
suitable for low power, portable 
applications. The characteristics of the 
different primary cells are given in 
Table 1. 

The mercury cell, developed in the 
40's, is far more rugged than the 
Leclanche cell and retains its voltage 
better over long periods of light use or 
storage — several years is typical. 
These use zinc and mercuric oxide (or 
graphite) electrodes with alkaline 
hydroxide electrolyte. A typical 
arrangement is shown in Fig. 4. They 
can be made extremely small in size 
and are ideal for powering very small 
equipment, such as hearing aids, or for 
equipment used intermittently such as 
photographic light meters. 

Another cell available today is the 
alkaline-manganese battery. Its interior 
design consists of pellets of anode and 
cathode materials; zinc and carbon are 
used. The manganese dioxide 
depolariser is arranged to be more 
efficient than in the common dry-cell 
and . the electrolyte is potassium 
hydroxide. This battery has an 
excellent shelf-life and is capable of 
sustaining a high discharge rate. 

Several other primary cells will be 
encountered in electronic 
instrumentation — The Daniell cell 
1836 (copper, zinc and sulphuric acid), 
the Clark cell 1872, and the Weston 
cell 1892 (mercury, cadmium amalgam 
and cadmium sulphate solution, as 


PAPER COVER 



Fig. 3. The common dry cell was originally 
developed by Leclanche in 1877. It 
produces power for a limited period and 
is then discarded. 



Fig. 4. Cross section of a typical mercury cell. 
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Fig.5. The Weston standard cell delivers 1.0186 
volts provided the load is minimal. It has 
found extensive use as a standard of the 
voltage unit. 


shown in Fig. 5) are the three cells 
■ which were used internationally at 
various times to define the standard of 
voltage. The latest voltage standard has 
recently been changed to use the 
so-called Josephson solid-state effect, 
but the Weston cell is adequate for 
many voltage calibration tasks (1.0186 
volts). Standard cells are used only to 
provide accurately-known and 
time-stable voltage, but only at low 
current. They are not intended for 
power use. 

A more recent development are 
zinc-air cells. These use a zinc powder 
anode in contact with potassium 
hydroxide electrolyte. The cathode is 
a porous arrangement that breathes to 
atmosphere making use of oxygen, via 
an intermediate process and a catalyst, 
to produce hydroxyl ions which 
enable current flow to occur. 

The silver-zinc primary cell has high 
energy density and discharge rate but 
because of high cost, is restricted to 
exotic applications such as spacecraft 
electronics. 

Each type of cell has its own 
particular merits. Figure 6 shows the 
voltage-time curves for an ideal loading 
condition along with comparative 
figures for the commonly used cells. 
Leclanche cells operate best in 
intermittent service, where high 
currents are needed, or continuously 
for low drains. Mercury cells especially 
suit low cut-rent demands for very 
prolonged periods. Zinc-air batteries 
'work best for high current loads 
maintaining voltage uniformly over 
considerable periods. Silver-zinc 
provides the highest available energy 
density. 

The relative cost of each should be 
considered in selection along with the 
requirement. It may well be more 
economical, in the not too long run, 
to use the more expensive alternatives. 

SECONDARY CELLS 

We have seen that the electrical 
energy provided by a primary cell is 
derived from a chemical process. From 



school chemistry we know that, when 
zinc is dissolved in sulphuric acid, a 
large amount of energy is released as 
heat. In the voltaic cell this energy is 
released as electricity rather than as 
heat. If the reaction is not reversible 
the cell is a primary cell and is thrown 
away when exhausted. 

There are however others in which 
the reaction is reversible and these are 
known as secondary cells. For the 
system to be reversible the electrolyte 
and electrodes must be capable of 
being converted back to their original 
state after discharge. This reversal is 
not spontaneous. The cell must have 
the electrical energy pumped back into 
it. That is — it must be charged. 

The commonest arrangement (in use 
since the last century) is the lead-acid 
battery, such as is used to start cars 
and to power the auxiliary circuits. 
The second most commonly used is 
the nickel-iron cell. 

The lead-acid battery consists 
basically of a plate of lead (negative 
electrode) and a plate of lead dioxide 


(positive electrode) immersed in dilute 
sulphuric acid — as shown in Fig. 7. As 
the cell discharges, the lead electrode 
and sulphate ions in the electrolyte 
combine to produce lead sulphate plus 
electrons, and the lead-dioxide 
combines with sulphate ions, hydrogen 
ions and electrons to produce lead 
sulphate plus water. The insoluble lead 
sulphate adheres to the plates, finally 
shielding them from further 
electrochemical reaction — the cell is 
then discharged. The recharging 
process reverses the reactions, 
rebuilding the electrode material as the 
lead sulphate is removed from 
solutions to produce sulphuric acid 
and electrode. The nominal voltage 
produced is 2.0 V. As water is 
liberated the cell is easiest vented to 
air, but it can be made as a sealed cell. 

The nickel-iron cell, invented by the 
Edison Company at the turn of this 
century, uses oxides of iron and nickel 
as the electrodes together with 
potassium hydroxide electrolyte. The 
electrochemical action is similar to the 
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lead-acid battery — electrodes and 
electrolyte combine releasing electrons 
and the process is reversible. These 
cells can be sealed without difficulty, 
they are more rugged, give a longer life 
than lead-acid cells, but cost more. 

In the search for more storage 
capacity for unit volume and weight, 
research has yielded some exotic 
battery designs. Silver and zinc are 
used in a design originated by Andre in 
the 1930s. Clearly the cost is higher 
but the considerable gains in weight 
reduction may make them attractive 
where weight is a major cost factor — 
missiles, satellites and man-packed 

^AsTiTnow clear that a new kind of 
storage battery will be in extensive use 
within this decade we include a brief 
description of the high-temperature' 
batteries now approaching market 
production. These cells, also use 
electrodes and electrolytes, but run at 
temperatures up to 400°C, and can 
provide at least four times the storage 
capacity at the same cost and weight 
as lead-acid cells. The need for 
high-temperature operation does, 
however, exclude them from low 
power applications. The two main 
contenders are the sodium/sulphur 
battery that uses liquid sodium and 
sulphur electrodes with solid alumina 
electrolyte (the most developed to 
date) and the lithium/sulphur battery 
that uses liquid lithium and sulphur 
electrodes with molten salt electrolyte 
(the most theoretically efficient cell). 
This latter type, will probably be more 
costly to produce. Both of these types, 
plus several other high temperature 
arrangements, have been used in 
prototype situations — powering 
electric cars is the dominant 

requirement, but large scale 

mains-power, system-float storage will 
be the main usage in the future. 

The range of storage cells available for 
powering electronic circuits is 
therefore broad, and the type must be 
chosen to suit the application. For 
circuits having only medium demands, 
electronic flash units, calculator 
supplies — small rechargeable 

nickel-cadmium cells are best. These 
are made in the same shape as mercury 
or Leclanche cells allowing them to 
replace primary cells and be recharged 
when needed. 
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Fig. 1. The various sections required in the process of converting the ac mains supply into a source of dc power. 


AN AC SUPPLY provides a sinewave 
current that changes direction at the 
supply freauency. Firstly, the ac 
voltage has to be transformed to 
the appropriate voltage level. To 
obtain dc a switch (the rectifier) is 
needed to reverse polarity of 
alternative half cycles. This done, all 
that remains to be added is a method 
of smoothing out (filtering) the 
half-sinusoids to obtain a steady 
current. We will look at each of these 
steps in turn. 

TRANSFORMERS 

The principles of inductance were 
briefly introduced in Part 6 of this 
course. We suggest that the section be 
read again. 

If two inductors A & B are placed 
such that the axis of their coils align 
(as in Fig. 2), and coil A is energised 
with an ac source a voltage will be 
generated across coil B. 

As we move the coils closer to each 
other the voltage developed, across 
coil B, approaches a value which is 
proportional to that across coil A. The 


proportion will be equal to the ratio of 
the number of turns on B, to the 
number of turns on A. 



Where E B = voltage across coil B 
E a = voltage across coil A 
N b = turns in coil B 
N a = turns in coil A 

The effect is due to the field of one 
coil cutting the turns of the other and 
is known as mutual inductance. If the 
coils are wound on top of each other, 
and an iron core is used, the coupling 
is improved to almost unity and we 
have a device capable of changing ac 
voltage from one level to another. 
Such a device is known as a 
transformer. 

There are losses in the transformer 
due to the resistance of the wire in the 
coils — these are known as copper 
losses, and in the iron of the magnetic 
core — these are known as iron losses. 

A transformer can never create 


power — it can only transfer it and 
change voltage levels. Small 
transformers have power efficiencies 
from 60-90%; 85% is typical. 

To reduce the iron losses as much as 
possible the core material (at 

frequencies below 20 kHz) is usually a 
special silicon steel called "transformer 
iron". The core is built up of thin 
laminations of this iron individually 
insulated by a thin coating of lacquer. 
By this means eddy current 
(circulating currents within the core) 
losses are reduced to a minimum. 

Note particularly that the 

transformer is an ac device. It will only 
produce voltage in the secondary 
winding when there is a current change 
in the primary. A dc current flowing in 
the primary will not produce a 
secondary output. 

The iron laminations retain the 
magnetic field ensuring virtually total 
magnetic linkage between coils. For 
high frequencies, up to several 
megahertz, ferrite powder mouldings 
are often used. In many 
high-frequency applications, the 

ferrous magnetic circuit is omitted 
altogether. Figure 3 shows a range of 
transformers for use at various 
frequencies. 

In mains-operated power supplies the 
relatively low frequency of the mains 
leads to efficient coupling. Hence the 
ratio of input/output voltage is as the 
ratio of input turns/output turns. A 
transformer is, therefore, selected to 
provide the correct voltage (stepped 
down or up) and must be designed 
with wire in each winding heavy 
enough to carry the currents needed 
without overheating. Usually selection 
of a transformer is made from 
manufacturers' product lists using the 
nearest listed, with any difference 
being on the conservative side — higher 
voltage or higher current capability 
when the exact requirement is not 
available. The power capacity of 
transformers is stated as the volt-amp 
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Fig. 3. The design of a transformer depends greatly on the frequency 
of operation and the amount of power to be handled. 

A t low frequencies leg 50 Hz mains) a laminated silicon-steel core 
is required. (TOP LEFT). 

A t medium frequencies a ferrite core or slug may well be used to 
adjust as well as increase inductance (50 kHz to several MHz). 

At high frequencies (eg 50 MHz and above) air spaced coils may be 
all that is necessary, (RIGHT). 

Fig. 4. These characteristics of common rectifier arrangements will 
help )iou select a transformer to obtain a particular dc output. 


COMMON RECTIFIER ARRANGEMENTS 



1 Cycle Output 
Waveform 

Average dc 
Volts Output 

RMS Volts 
at Output 

Peak Volts 
Output 

Peak Reverse 
Rectifier 
Voltage 

Ripple 
RMS/dc out 

1 0 HALF WAVE 


' 

1.57 

3.14 

3.14 

121% 

30 

(Bl 1 0 FULL WAVE CCT 


’ 


1.57 

3.14 

48% 

(C) 1 0 FULL WAVE BRIDGE 

■ bu 

1 


1.57 

1.57 

48% 

(D) 3 0STAR (WYE) 



1 

1.02 

1.21 

2.09 

18.3% 

(E) 3 0 BRIDGE 

1 

(■ 


' 

1.00 

1.05 

1.05 

4.2% 
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product of the total output or input. 
This can be found as the sum of volts 
times aWrps of all of the secondary 
output circuits plus about 10% for 
losses. 

All transformers have rms rated 
outputs. In practice this voltage is the 
unloaded output voltage and may vary 
from transformer to transformer. 
Additionally, because of the finite 
winding impedance, the transformer 
output will drop when loaded. This 
effect, known as transformer 'regu¬ 
lation', is quoted as the percentage 
voltage between load and no-load. In 
prototype designs it is therefore 
advisable to use a transformer with a 
number of tappings so that the correct 
rms output may be selected on test. 

RECTIFIER STAGES 

Many different rectifier systems may 
be used, Fig.4 shows those most 
commonly encountered together with 
their schematic diagrams and relevant 
conversion factors. Note that the dc 
output is not the same as the ac input. 
A mistake commonly made by 
beginners is to assume that the dc 
output from the rectifier will be the 
same or less than the rms output from 
the transformer. 

A single rectifier , as in A, gives half 
wave operation only and clearly, 
whilst saving a rectifier element, only 
allows half the sine-wave through with 
a resultant drop in average dc output. 
The gain in saving rectifier elements is 
offset by the need to provide a higher 
output voltage from the transformer 
and a more powerful filter to smooth 
out the pulsating dc current (121% 
ripple!). 


Clearly, fullwave rectification (that 
is, use of both half cycles) is better but 
it requires more rectifiers. There are 
two main methods. One uses four 
rectifiers to create a 'reversing' switch 
— the so-called bridge circuit. Output 
current from the transformer of one 
polarity passes through to the filter 
stage using two of the rectifiers; the 
next direction of current is then 
allowed through by the second pair 
which are connected to accept reverse 
current polarities. An alternative 
full-wave method uses only two diodes 
instead of four. It works as two 
half-wave systems that alternately 
connect to the common filter 
terminals with the same polarity. It 
uses less rectifier elements than in a 
bridge circuit but requires a 
centre-tapped transformer. Rectifier 
diodes for bridge circuits are available 
ready-packaged as a full 4-element 
bridge in a common encapsulated unit. 

Where a three-phase (the normal 
industrial high-power mains) supply is 
available, other rectifier arrangements 
are possible — as shown. As the 
number of phase half-cycles used is 
increased the dc produced becomes 
smoother, relaxing the degree of 
filtering needed. Other more 
sophisticated six-phase systems (using 
special transformers) are used 
industrially. 

Originally, rectifier elements were 
either vacuum-tube diodes 
(two-element tubes) or specially made 
contacting surfaces of copper oxide or 
selenium. Although both of these are 
still in service, they have been more or 
less superseded by modern solid-state, 
two-layer semiconductor diodes (in the 


simplest form) and by the family of 
multiple-layer semiconductor devices 
in which the current can be controlled 
as well as being rectified. (These 
devices, SCRs and TRIACs, will be 
covered later.) 

Virtually all diodes designed for 
power rectification are now silicon 
devices — although germanium still 
finds some use for low-power, 
signal-detection diodes. The power 
handling capability of a diode depends 
Upon the voltage drop across it and the 
current flowing through it. These 
determine the heat to be dissipated at 
the diode junction. Provided the 
junction itself is maintained below its 
maximum safe vaiue, all is well. Heat 
sinks are usually used to help liberate 
this waste heat, thereby raising the 
current capacity of the rectifier units. 
When selecting diodes for power use it 
is necessary to ensure that they can 
safely .withstand the peak reverse 
voltage of the waveform — this can be 
as much as three times the quoted ac 
value (which is usually the rms value). 
In the manufacturer's data this is 
shown as the peak inverse voltage 
(PIV). In a half-wave circuit supplying, 
say, a 100 Vdc output, the peak 
inverse voltage rises to 314 V! 

Diodes come in all shapes and sizes as 
Fig. 5 shows. Large power diodes are 
intended to be mounted on heat sinks 
and the manufacturers have built them 
accordingly to ensure good thermal 
contact. Special heat-sink extrusion is 
made for this purpose. 

Individual diodes in a bridge circuit 
must be insulated from one another — 
nevertheless it is often convenient to 
mount them on a common heat-sink. 
Mica washers are often used for this 
purpose as they provide good electrical 


Fig.5a, A selection of commonly used solid state rectifiers. 
High-power diodes are sometimes mounted on a 
heatsink to help radiate the heat generated due to internal 


Fig.5b. Selenium rectifiers were quite bulky but were 
extensively used in valve radio days. 








SIMPLE CAPACITOR 


SIMPLE INDUCTOR 


Fig.6. Various types of filter may be used to smooth the pulsating dc from the rectifier, (a! a simp / 
capacitor (b) a simple inductor, (c) a combination of capacitance and inductance (pye filter)., 


insulation whilst allowing heat to pass 
through. 

The current rating needed of the 
diodes depends upon the rectifier 
circuit. If half-wave it must be able to 
handle the full current expected. For 
full-wave bridge or centre-tapped 
single-phase arrangements, the diodes 
only switch on alternate half cycles 
and, therefore, can be rated for half 
the output load current. Special care 
must be used when silicon diodes are 
used. The initial onrush of current to 
the uncharged filter capacitors can 
exceed the safe maximum of the 
diodes unless adequate limiting 
resistance exists in- the transformer 
winding or input leads. Typically, the 
peak current may be as much as 10 
times the average dc current. 

FILTERING 

The output of any rectifier system 
consists of a train of half-sinusoid 
waveshapes. We know that all 
waveshapes can be constructed by 
adding a number of pure sinusoidal 
signals. Thus the rectifier output is a 
complex waveshape containing a basic 
dc level plus many other frequencies. 
To smooth the signal, therefore, a low 
pass filter is needed that rejects all 
frequencies above dc (frequency of 
zero). 

Several alternative methods of 
filtering are available. The commonest, 
shown in Fig. 6, is to use a large value 
shunt capacitor across the output 
terminals. At each new half-cycle the 
diodes pass a burst of current into the 
capacitor to recharge it, making up for 
charge drawn by the circuit load on 
the supply. By appropriate choice of 
capacitor size for a given load and 
adequately low bridge resistance (this 
decides how quickly the charge will 
enter the capacitor), the supply can be 
made to hold a voltage up near the 
peak value of the waveform. However 
care must be taken to ensure that the 


peak current rating of the diodes is not 
exceeded. 

In applications where a relatively 
large power level is involved it may be 
more economical to use another 
method. The shunt capacitor method, 
above, provides a short-circuit path to 
high frequency signals (capacitive 
reactance falls with increasing 
frequency) thereby shunting them 
away. Only dc is unattenuated. The 
same effect may be achieved if an 
inductor is used, as shown in Fig. 6 — 
but this time in series with load. The 
inductor provides lowest impedance to 
lowest frequency so dc passes virtually 
without loss (provided the dc 
resistance of the winding is low — 
hence the high cost of effective filter 
inductors) but provides increasing 
impedance as the signal frequency 
rises. 

These two basic methods can be 
taken further again using both 
together to increase the frequency 
rejection. We will not pursue the 
design of sophisticated power supply 


filters for they tend to be rather 
specialised. Note, however, that the 
filtering effect depends largely upon 
the magnitude of the load current 
drawn. This can be seen by regarding 
the filter component reactance and the 
Toad impedance as a series or parallel^ 
network (see Fig. 7) in which the 
supply voltage is the output produced 
across the load impedance. 

An increasing load current occurs 
due to a reduction in load impedance 
(usually regarded as a resistive load). 
The series inductive method provides 
less ripple (the name given to the ac 
component-present) as the load 
increases. On the other hand, with-the 
capacitive shunt method the ripple 
increases as load increases. Hence the 
two methods complement each other 
and (as neither is jdeal) the two are 
combined in more advanced filtering 
methods. 

It should now be clear that the 
rectifier stage design will largely 
determine the specification of the 
transformer and that the filter method 




I 



C RESIST. OUT 


tS.' 7 ' Th u P erfor ™ ance ° fa simple filter may be evaluated by replacing the capacitor (etc) by its equivalent resistance at the ripple frequency. I 
thus we have a voltage divider due to this and the source impedance. We may also from such equivalent circuits calculate the degree of 
regulation for any given load. 
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must also be considered in the overall 
design. 

Power supply design is not as 
straightforward as might at first be 
thought. Each stage determines the 
requirements of the other stages so a 
certain degree of skill and experience 
is needed to reach a satisfactory 
design. Furthermore, as we will see 
later, the design must also make 
allowances for the way the supply is to 
be used and for the method of 
stabilisation employed. 

POWER SUPPLY TERMS 

The two forms of power supply — 
voltage or current — as we have seen 
earlier, can be represented as black 
boxes which consist simply of a source 
(voltage or current) and an equivalent 
resistance value. A voltage source 
ideally maintains the required voltage 
regardless of load current. A current 
source” the reverse situation, provides 
the required current regardless of 
output voltage. Practical supplies have 
a finite resistance value (the ideal of 
zero output impedance is unobtain¬ 
able) but it is possible to produce a 
circuit that is close enough to the ideal 
for practical purposes. 

Let us now see what happens to a 
voltage supply as the load current 
increases. We see from Fig. 7 that the 
voltage appearing across the load is 
that produced by a perfect generator 

ELECTRONICS 

THIS project will provide more 
experience in the use of operational 
amplifiers. The circuit uses two 
amplifiers, illustrates a number of 
new points and provides a very useful 
piece of equipment. 
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driving a divider chain. Hence, 
provided the source resistance is much 
smaller (at least ten times smaller) 
than the minimum load resistance, the 
change in voltage across the load as the 
load current varies will be negligible. 
The aim, therefore, in good voltage 
supply design is to produce a unit with 
low internal resistance. Factors of one 
thousandth are typically obtained. 

Constant voltage supply is by far the 
most common requirement, but there 
are also many applications for constant 
current supplies. In addition there are 
other supplies available with special 
characteristics. 

Because of finite internal 
power-supply resistance the voltage 
output of basic supplies (caused in 
reality by the resistance of the diodes, 
transformer losses and filter 
resistances) drops as the load current 
increases. All these effects produce 
voltage drops that subtract from the 
original voltage source. The ratio of no 
load voltage (less full load voltage) 
to the no load voltage is called tne 
regulation of the supply. This is 
expressed as a percentage. 

IMPROVING REGULATION 

In some instances, battery supplies 
for example, the Internal resistance is 
adequately low and the output 
remains reasonably constant with time 
and changing load. A lead-acid storage 

- in practice 

A MIXER-PREAMPLIFIER 
CIRCUIT USING OP-AMPS 

The signal provided by a sensor 
operating at audio frequencies, eg a 
microphone, a guitar-string vibration 


battery for example will provide 
voltage constant to about 0.1% for 
quite a long time as long as the load is 
fairly low. 

Mains derived supplies, however, 
exhibit poor regulation, unless (costly) 
stabilising circuits are added. Apart 
from this their output is also 
proportional to changes in mains 
voltage — which can fluctuate by as 
much as ±10%. 

In many electronic systems the 
voltage must remain constant 
regardless of changes of mains input 
and load and changes in component 
values with time. Consequently, basic 
sources of dc power are often followed 
by a unit known as a regulator. Its role 
is to maintain the output constant to a 
chosen degree (0.1% changes in output 
due to load or input changes is 
typical). The degree of stability 
obtained relates to cost. Techniques 
cover a wide range — from a single 
special diode and a resistor, to 
multiple transistor circuits and special 
purpose IC's. 

Power systems such as these will be 
covered in the next part of this series. 

Further Reading: 

"D.C. Power Supply Handbook" — 
Hewlett Packard, 1973. 

Power Supplies" — B. Doherty, Pt. 1. 
E.T.I. September, 1971. Pt. 2 E.T.I. 
October, 1971. 

"Battery Revolution" — E.T.I. 
September, 1971. 

"Power Supply Handbook" — Kepco 
Inc. (1966) Flushing, N.Y. 11352, 
U.S. 


sensor, a record-player cartridge — 
needs boosting before the signal is 
used to drive a main amplifier or 
recording unit. The preamplifier 
shown here accepts signals of around 
2 mV level, has an input impedance of 






















1 k, provides a gain of approx. 1600, 
and has an output swing of up to 
3.2 V for 2 mV input. It introduces 
comparatively little distortion and is 
designed to accept four inputs, each 
having a level control. A special tone 
control network is incorporated that 
enables bass and treble signal frequen¬ 
cies to be varied over ±10 dB (at 
100 Hz apd 10 kHz respectively). 
Although primarily intended for 
mixing audio signals in entertainment 
applications, the circuit can also be 
used as a single-input, variable-gain 
unit in any application where gain and 
frequency adjustment are needed. 

OPERATION OF THE 
MIXER-PREAMPLIFIER 

. Each input of the circuit given in Fig. 
8 is ac coupled and has an 
attenuating potentiometer that allows 
the gain of each input channel to be 
independently adjusted as required. 
Four such inputs are summed by an 
inexpensive 1C op-amp, connected as a 
summation circuit, having a maximum 
stage voltage gain of around 20 
(25 dB). 

The output of this stage feeds the 
next stage via a conventional tone 
control network which either 
attenuates or boosts bass and treble 
frequencies according to the settings 
of each potentiometer. Note that the 
second stage op-amp is connected as a 
non-inverting (the output signal has 
the same polarity as the input) 
single-ihput amplifier stage having a 
maximum gain of about 80 (37 dB). 
The feedback resistor, in this case, is a 
potentiometer allowing the overall 
gain of the unit to be varied. Thus this 
potentiometer acts as a master gain 
control. 

In the circuit diagram (Fig. 8) the 
power supply connections are not 
shown. This is usual in op-amp 
circuitry to avoid over complicating 
the diagram. The connections are — 
positive to pin 7 and negative to pin 4. 
These connections are, of course, 
made on the printed circuit board. 

A simple power supply (Fig. 9) may 
be used if batteries are unsuitable. This 
provides the positive and negative 




Fig. 9. Circuit diagram of 
an unregulated power 
supply suitable for use 
with the preamplifier of 
Fig. 8. 


supplies necessary for the op-amp. At 
first glance the circuit appears to be 
that of a full-wave bridge. In reality it 
is two separate supplies, driven from 
different sides of a centre tapped 
transformer, each being connected in 
the opposite way to provide opposite 
polarities. 

Note that the transformer supplies a 
total of 12.6 volts rms, that is 6.3 volts 
on either side of the centre tap. This, 
when rectified and filtered, provides 9 
volts dc (capacitor charges to peak of 
waveforms that is V 2 x 6.3 = 8.9 
volts). Hence the capacitors must be 
rated for at least 9 volts - a little more 
is usual, say 12 volts, but not too 
much higher as the rated capacity of 
some capacitors falls if not worked at 
near full design voltage. 

The diodes must have a peak-inverse 
rating of twice the peak voltage, 18 
volts in this case, because at the time 
when the diode is non-conducting it 
has the charged capacitor voltage on 


one side and the full peak reverse 
voltage from the transformer on the 
other. In practice modern silicon 
power diodes have voltage ratings 
starting from about 50 volts and the 
EM401 specified is rated at 100 volts 
- much more than is required. 

BUILDING THE UNIT 

A printed circuit-board layout for 
the pre-amplifier is given in Fig. 10 
along with the component overlay that 
shows where each component js 
placed. Take particular note of the 
polarities of the diodes, the ICs and 
the electrolytic capacitors when fitting 
them to the board. 

The power supply components 
(watch the mains connections — they 
must be made safe) and the board may 
be conveniently housed in a diecast 
box or one of the plastic (Clipsal) 
boxes made for electrical use. Mark 
each control clearly for ease of 
operation. 



Fig. 10a. Printed circuit board for the mixer preamplifier, 
(b) Component overlay for the preamplifier incorporating 
the components for the ac power supply Iexcept the 
transformer). 
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R s (»R L ) 


. Voltage regulation — an additional shunt 
load. 

(bl. Current regulation — an additional series 
load. 

WE HAVE SEEN how the regulation 
of a power supply is related to its 
effective internal resistance. A voltage 
source requires low internal resistance, 
whilst a current supply requires 
maximum internal resistance for best 
operation. 

PASSIVE METHODS 

A simple and very elementary 
method of improving the regulation is 
to impose a dummy load on the 
supply that is much greater than the 
normal load. Figure la shows a 
swamping load of 10 amps in parallel 
with 1 amp. If the real load, (the 
smaller) varies by a value comparable 
with 1 amp, far less change occurs in 
the total load drawn from the supply 
“*■ the output voltage, therefore, 
changes less. 

This method improves regulation for 
load changes, but does nothing to 
guard against input supply changes. 
Furthermore, it is clearly inefficient. 
Note that R L is now connected to a 
lower source resistance — that of R g in 
parallel with R s . The reduction in 
resistance is, however, not great. 



If a constant current through the 
load resistance is required a similarly 
crude method is to place the load in 
series with a resistor that is much 
greater than the load value - as shown 
in Fig. 1b. It can be seen (from Ohms 
law) that I will now remain constant 
over a wider range of R L variation. 

Again there is a disadvantage, the 
input voltage must be raised to drive 
the same current through the increased 
resistance circuit. Furthermore, if this 
is done, R s wastes considerably more 
power than is used in the load. As 
required, for better current regulation, 
R l now sees a higher source 
resistance. 

Both circuits are used Occasionally 
but their real relevance is that the 
same basic principle (modifying the 
impedance of the supply) is used in 
more sophisticated supplies. These 
supplies use special non-linear 
components and active devices to 
provide much better regulation with 
considerably less loss of power. 

NON LINEAR DEVICES 

Before low cost semiconductors 
became widely available in the form of 
regulating diodes (Zeners) and 
regulator integrated circuits, designers 
used the barretter current regulator 
and the gaseous-tube voltage regulator. 
These are still found in older 

VOLTS ACROSS BARRETTER 



equipment but would not normally be 
used in new designs. 

The barretter contains an iron 
filament in a hydrogen filled envelope 
and is used in series with the load. 
Over a reasonably wide range of 
voltage (100-200 V) the load current 
remains constant to within 20% 
(typical value would be 300 mA). By. 
today's design standards they waste 
power and run extremely hot. 
Regulation occurs because an increase 
in current through the filament (see 
Figure 2a) causes its resistance to 
increase thus tending to reduce the 
current to its previous level - R s , in 
Fig. 1b, increases with increasing 
current. Note that the current itself 
provides a feedback effect (via heating 
of the filament) that controls the 
current. The use of feedback (but in a 
more effective way based upon active 
elements) is the secret of obtaining 
really good regulation, as we shall see 
later. 

The gaseous-tube voltage regulator is 
a gas-filled two-electrode valve which, 
once the gas is ionised into 
conduction, provides a reasonably 
constant voltage drop between its 
electrodes with varying current values 
flowing through the ionised gas. Again 
these are seldom used today, being 
more suited to voltages much larger 
than those needed in semi-conductor 
work (they strike and operate at 
around 100 V). 

In use, the regulator is wired in 
parallel with the load, the two being 
fed from the supply via a series 
resistor, as shown in Fig. 2b. If the 
input voltage increases (assuming a 
constant load) the total current must 
rise. But as the VR tube maintains 
constant voltage across itself, the load 
current remains steady and all the 
excess current flows through the VR 
tube. Thus the voltage drop across the 
series resistor increases so that the 
voltage applied to the load remains the 
same. 


Fig. 2 fa). The barretter tube 
regulates by the increase in 
resistance with temperature (and 
hence current) of an iron-wire 
filament. 

(b). The gaseous-tube voltage 
regulator operates by virtue of the 
constant voltage which appears 
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Fig. 3. Forward and reverse 
bias characteristics of 
germanium and silicon diodes. 


Fig. 4. In a zener diode the 
reverse-breakdown region is 
used to provide a constant 
voltage as current demand 


OS) 


0 I 


Fig. 5. Zener diodes are 
manufactured in a wide 
variety of packages. The larger 
capacity Inot shown here) 
units are usually mounted on 
heat sinks if run at their 
maximum rating. 


The effectiveness of the 
compensation depends upon the rate 
of change of the voltage-current 
characteristic of the device. The 
barretter represented in Fig. 2a 
changes some 200ju A/V. A flatter 
curve would imply a current that 
changes less per volt and this is to be 
preferred. 

Neither of these two devices has a 
particularly low V/l ratio and neither, 
therefore, is able to provide close 
control over wide ranges of input 
change. 

Negative temperature coefficient 
NTC resistors — more commonly 
called thermistors or varistors - have a 
similar voltage-current characteristic 
but fhe slope is in the reverse 
direction, that is, increase in current 
increases their temperature which, in 
turn, decreases their resistance. They 
are not suited to regulator design 
where constancy is desired but are 
useful in providing the reverse effect, 
for example, when wired in series with 
a load, that could be damaged by 
switch-on current surges. An NTC 
resistor suitable for such use might 
have a resistance of 3000 ohms cold 
reducing to 200 ohms when heated by 
100 mA passing through it. 

ZENER DIODES 

The cu rrent-versus-voltage 
characteristics of both germanium and 
silicon diodes are illustrated in Fig. 3. 
In the forward direction (positive 
voltage at anode with respect to 
cathode) the devices operate, as 
shown, in the right-hand region of the 
graph. 

It can be seen that once the forward 
voltage across the diodes reaches 
650 mV for silicon (or 350 mV for 
germanium) it remains substantially 


constant over quite wide excursions of 
the forward current. Thus 
forward-biased diodes could be used as 
constant-voltage regulator elements 
but only at the low voltages 
mentioned above or at multiples of 
these voltages (using diodes in series). 

If a conventional diode is reverse 
biased its operating characteristic will 
be as shown on the left hand side of 
Fig. 3. Very little current (microamps) 
will flow until the reverse voltage 
reaches a comparatively large value 
when the current starts to increase 
much more rapidly. In a germanium 
device the voltage across the diode will 
still increase relatively slowly with 
increasing current, but in a silicon 
device the voltage across the diode 
now remains substantially constant 
regardless of further increase in 
current. This point is known as the 
Reverse Breakdown Point. 

In a normal diode the rapid increase 
in reverse current causes the 
semiconductor junction to overheat 
and the device may fail. This 
breakdown effect occurs at voltages 
between two and a half volts and 
several thousand volts depending upon 
the material and construction of the 


semiconductor junction. However, this 
seeming disadvantage may be put to 
work in specially constructed devices 
known as Zener diodes. 

Zener diodes are invariably silicon 
devices which have been specially 
designed to operate within the 
reverse-breakdown region, without 
damage, provided that the 
maximum-specified power dissipation 
(Vxl) is not exceeded. 

DYNAMIC RESISTANCE 
OF ZENER DIODES 

Ideally, a Zener diode should 
maintain a constant voltage across 
itself with varying current through it. 
However, practical devices don't 
behave quite like that. In Fig. 4 we 
see, from the typical characteristics of 
a 30 volt, 50 watt device, that if the 
current through the device changes by 
1.0 amp, the voltage across it will 
change by 2 volts. This may be 
expressed as a resistance as follows: — 

By Ohm's Law — = R i.e.—= 2 ohms 
A| 1 

As this resistance is the ratio of 
changes of voltage with respect to 
current it is a dynamic quantity, and is 
therefore known as the Dynamic 
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Fig. 6. (a) Typical Zener diode regulator, (b) dynamic resistance of BZY88 series Zeners, (c) temperature coefficients of BZY88 series diodes. 


Resistance of the Zener. It tells us how 
well the Zener will regulate the voltage 
with changes in load current. 

Thus a Zener having the desired 
reverse-breakdown voltage may be 
used to replace the gas-regulator valve 
shown ,in Fig. 2b. Any load connected 
across the Zener will see a source 
impedance which is the parallel 
combination of the dynamic resistance 
of the Zener, and the internal 
impedance of the power supply. 

TEMPERATURE COEFFICIENT 

The reverse-voltage characteristic of 
the Zener is temperature dependent, 
the extent of this dependancy being 
determined by the designed Zener 
voltage and power dissipation. For 
example in typical 400 mW devices the 
temperature coefficient ranges from 
-2.5 mV/C° for a 2.7 volt Zener to 
+26 mV/C° for a 30 volt Zener. Zero 
temperature coefficient is obtained 
with a device having a nominal voltage 
of 5.6. 

Where Zener regulators are required 
to have minimum temperature 
coefficient and higher than 5.6 volt 
rating, several diodes with temperature 
coefficients which cancel may be used 


in series. For example, if 9.8 volts is 
required with zero temperature 
coefficient, a 3.6 volt -2.0 mV/C° 
diode may be used together with a 6.2 
volt +2.0 mV/C° diode. 


REGULATOR DESIGN 

The circuit of Fig. 6 is that of a 
typical Zener-diode regulator stage. 
The series resistor, R s , must be large 
enough such that when the load 
current is at its minimum (Zener 
current, at maximum) the power 
dissipation rating of the diode is not 
exceeded, and small enough to ensure 
that when the load current is 
maximum (Zener current at minimum) 
the voltage across the load does not 
fall below E z (Zener voltage). 
Additionally the Zener current should 
always be at least one tenth of the 
maximum load current. The optimum 
value of R s may be calculated from 



Power in R s = (1.1 Ili) 2 R s and 
maximum Zener dissipation may be 
calculated from 


P z 


JE 52 -E Z 1 

1 Rs J 


Il2 E z 


where 

E sl = minimum supply voltage 
E s2 = maximum supply voltage 
E z = zener voltage. 

I L1 = maximum load current. 

I L2 = minimum load current. 

For example assume that we have a 
car battery supply that varies from 11 
to 14 volts and from this we wish to 
obtain a stabilized 6 volt supply at 
currents from 40 to 60 mA. 

The nearest available Zener voltage is 

6 . 2 . 

Thus E sl =ii | L1 = 0.06 A 
E s2 = 14 I l2 = 0.04 A 
E z = 6.2 



1.1x0.06 


use nearest preferred value 68 ohms. 

The power rating of this resistor must 
be 


(1.1 x 0.06) 2 x 68 

= 296 mW - a ’/a watt resistor will do. 


P z 


pir_Hj_0.04 6.2 


= 463 mW 
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Fig. 7. (a) Cascading Zener regulator stages improves voltage stability, 
(bl Selected Zeners are often joined in series to achieve the lowest 
temperature error. 


Hence a suitable device from the 
Philips range would be a BZY96C6V2 
which has a power rating of 1.25 watts 
and a nominal Zener voltage of 6.2. 

Where Zeners with power ratings 
greater than one watt are used a heat 
sink will usually be necessary. Note 
also that the supply voltage must 
always be greater than the Zener 
voltage if regulation is to be 
maintained — at least 10% higher is a 
safe minimum value. 

The Zener voltage regulator is widely 
used throughout electronics. It may be 
used as a basic regulator as in Fig. 6, 
or, it may be used to provide the 
reference voltage for more accurate 
and powerful regulators which make 
use of gctive devices as well. 

The aim of good voltage supply 
design is to achieve lowest practical 
'effective internal resistance. The Zener 
does this reasonably well, for the load 
sees only the dynamic resistance of the 
Zener which is much lower than the 
source impedance. As a rough guide 
the dynamic impedance R z of the 
Zener, varies (according to device) 
from 30 ohms per volt of the Zener, 
downward to fractional ohms per volt. 
If one Zener stage cannot provide 
enough stability it is quite practicable 
to join stages in cascade. Each stage 
thereby lowers the effective source 
resistance (because stages are 
connected in parallel) but, more 
significant is the fact that input 
voltage variations are more adequately 
attenuated, each stage running from a 
progressively better stabilised source. 
Fig. 7a shows a typical dual stage 
supply. Figure 7b is the preferred 
method, of providing the same 
illustrated 5.6 V, for in this alternative 
all Of the diodes have optimum 
temperature stability. 

Zeners also have other uses — to clip 
and hold voltages at fixed levels and to 
convert sine-wave signals to 
square-wave signals. 


ACTIVE COMPENSATION 

Although the Zener can provide a 
relatively low dynamic resistance 
value, it is possible to provide still 
lower resistance by incorporating 
active amplifiers into the regulator 
circuitry. 

If the actual load voltage is compared 
with a constant reference-voltage 
source, it is possible to determine if 
the output is greater or smaller than 
required and by how much. Having 
made such a comparison, the 
difference, called the error signaOcan 
be used to modify the incoming signal 
accordingly. This is the principle of 
feedback. Figure 8 shows how 
feedback is used in the 
electro-mechanical type of supply 
regulator. These regulators are used 
where loads are high and the unwanted 
changes occur only relatively slowly. 

In operation the output of a basic 
rectifier is smoothed by a capacitor 
(C) to provide the required output 
voltage. The output voltage is 
compared with a reference voltage and 


the difference between them (that is 
the error) is amplified. The amplifier 
output drives a motor such that a 
tapping on the ac transformer is 
changed — thus reducing the error. ' 

Thus, by using feedback, changes in 
output voltage are rapidly sensed an|d 
the input quickly compensated. The 
feedback amplifier and control 
actuator (the motor in Fig. 8) need 
not be precision devices — they can be 
quite crude in fact — but the reference 
voltage must have better stability and 
accuracy than is required from the 
output. 

The reference voltage is quite often, 
and effectively, supplied by a Zener. 
As the Zener now Only nas.to supply a 
reference voltage, and not operate over 
a wide range of current, its operation 
will be much more stable. That is,'its 
dynamic impedance will not be a 
source of error. Additionally, the 
Zener current may be set at a level 
which gives optimum temperature 
stability. 

Although electro-mechanical 
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regulators have their uses, the majority 
of regulators for low-power electronic 
systems now use totally solid-state 
components to build systems such as 
that shown in Fig. 9. 

A wide range of control methods are 
used using such devices as transistors 
and integrated circuits, silicon 
controlled rectifiers (SCRs) and 
saturable reactors to achieve fast and 
accurate regulation. 

The voltage reference is again 
generally derived from a Zener 
network. However, precision units 
may use a Weston standard cell or a 
special high-stability Zener 
arrangement. Yet another kind of 
regulator may use an external varying 
voltage as the reference in the 
feedback system. With such supplies 
the output is made to track the 
varying input voltage — these are 
called programmable supplies. 

SHUNT REGULATORS 

We have seen how the basic Zener 
arrangement may be used to provide a 
shunt path around the load thus 
stabilizing load voltage. By reducing 
the current range required of the 
Zener diode it is possible to improve 
the regulation and to reduce the power 
handling required of the Zener. Figure 
10 illustrates how a transistor is added 
to the basic Zener circuit to produce a 
more precise shunt regulator. 

Now the Zener regulator only has to 
supply the base current of the 
transistor which in turn controls the 
much larger collector current. 

To see how the regulator works let us 
assume that the current demanded by 
the load falls. The voltage across the 
load would tend to rise (due to less 
voltage drop across the series resistor 
R) and this would cause the 
base-emitter voltage on the transistor 
to rise (as V R is held constant by the 
Zener). Hence the transistor draws 


more current to compensate for the 
current shed by the load. That is the 
current drawn through the series 
resistor R is held constant, current not 
needed by the load being shunted by 
the transistor. 

As the transistor provides current 
gain ranging from tens to hundreds, 
the current variations demanded from 
the Zener are reduced by the same 
factor, with consequent improvement 
in regulation. Although not 
immediately obvious, feedback is used 
in this circuit. Voltage changes across 
the load appear at the base of the 
transistor which acts to reduce the 
original change to zero. 

One vitally needed characteristic of a 
general-purpose power supply is that 
the output should be capable of being 
short-circuited without damaging any 
components. The shunt regulator does 
just this — a shorted output merely 
connects the emitter of the transistor 
to collector, thereby reducing the 
voltage applied ter the device. The 
transistor therefore cannot be 
damaged by a shorted output. Such a 
supply is, however, inefficient, 
especially at light loads, for shunt 
regulators act always to dissipate the 
same maximum amount of power — 
either in the load, in the shunt element 
or ih both. Hence, at zero load the 
unit wastes as much power as the 
maximum safe load would consume, 
and if ever the load is disconnected the 
transistor must be capable of passing 
the full load current. 

SERIES REGULATORS 

The Zener reference may be used to 
control a transistor in series with the 
load such that a constant voltage 
appears across the load. Figure 11 is 
the circuit of such a basic series 
regulator. 

The operation of a series regulator 
may most easily be understood by 


considering the transistor and load to 
be an emitter follower circuit. We 
know from our previous theory that 
an emitter follower maintains its 
emitter at V be (0.6 volts for silicon) 
less than the voltage at its base, 
regardless of the value of the collector 
supply. Thus the transistor, because of 
the Zener reference voltage at its base, 
varies its impedance and hence the 
voltage dropped across itself, in order 
to maintain a constant voltage across 
the load, regardless Of load current and 
supply-voltage variations. 

As the transistor has a large 
current-gain the Zener diode again 
only has to supply a small current 
range and regulation is therefore 
improved. However, the transistor 
must be capable of withstanding the 
full load current and of dissipating 
fairly high power. The series regulator 
is more efficient on light loads than 
the shunt regulator but if the output is 
short-circuited the transistor in a series 
supply will be destroyed (unless 
protected in some way), as the full 
supply voltage and base drive is 
applied to it. 

IMPROVING 
SERIES REGULATORS 

The simple series regulator, just 
described, is a great improvement on 
the simple Zener regulator but may 
still be improved further by additional 
circuit refinements. 

Figure 12 show the schematic 
diagram of a typical series regulator 
supply. The ac transformer has two 
secondaries the first of which provides 
dc to the regulator and hence the load 
via a bridge rectifier and smoothing 
capacitor. The second winding 
provides a separate supply to a Zener 
regulator. As this winding does not 
have to supply the varying load 
current — only the steady Zener 
supply, regulation of the reference 
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Zener is considerably improved. In 
addition a temperature compensated 
Zener may be used which could have a 
temperature coefficient as good as 

0.01 %/Co. 

This very-stable Zener reference is 
compared to the output voltage of the 
supply by a differential-operational 
amplifier. Thus the Zener does not 
have to supply any appreciable 


current. This results in still further 
improvement in regulation. The 
operational amplifier provides a 
change in base current to the series 
regulator in such a direction as to 
correct any error between the output 
voltage and the Zener reference. 

CONSTANT CURRENT 

In some applications — magnetic 



circuits, focussing coils, semiconductor 
testing — the requirement is for 
constant output current regardless of 
load changes. Loads connected to such 
supplies are connected in series, rather 
than in parallel as is the case for 
voltage regulated supplies. 

Ohms Law tells us that a certain 
value of current is related to voltage 
via a fixed value of resistance. Hence 
constant current supplies can make use 
of a small series resistor to monitor the 
output current by virtue of the voltage 
developed across the resistor. This 
voltage is then compared with a 
reference (the actual value is a matter 
of design choice, the lower the series 
resistance the lower the voltages and 
losses involved) in much the same way 
as for a stabilised voltage supply. The 
differences in circuitry needed can be 
seen by comparing Fig. 13 — that of a 
well-designed constant current unit — 
with Fig. 12. 

By combining these two concepts 
into one supply a combined constant 
voltage and constant current unit is 
formed (denoted CV/CC). This holds a 
constant voltage up to a preset 
maximum load current whereafter it 
provides constant current. 

Power supplies designed to provide 
variable output for experimental 
purposes, or equipment (or 
component) testing are often subject 
to severe or extended overloads. Units 
such as these are generally equipped 
with various protective devices that 
safeguard not only the power supplies 
themselves but also the loads that they 
are driving. These various protective 
circuits will be described in the next 
part of the series. 



Fig. 13. Constant-current control 
is easily obtained as an extension 
of the constant-voltage supply. A 
series sensing resistor produces a 
voltage which, in conjunction with 
an error amplifier, controls the 
series pass transistor to maintain 
constant current. 


22 


ELECTRONICS IT’S EASY - VOL. 2 



























































General 

16 

purpose 

supplies 


SUPPLIES built permanently into 
equipment as fixed parameter units 
usually operate within reasonably 
well-defined operating limits. Fault 
conditions are, therefore, less likely to 
occur on the supply output, but are 
still a reality. 

By contrast, general-purpose supplies 
designed to provide variable output for 
device testing, circuit development and 
multi-purpose use are prone to a 
number of fault conditions which 
could destroy components. 

With the reduction in cost of power 
supply circuits, it is now practicable 
(and wise) to always employ 
protective devices that sense external 
or internal fault conditions and apply 
protective measures to the supply 
which prevent damage to both the 
supply and, possibly, the load being 
driven. 

A wide variety of faults can occur. 
The supply itself may be damaged by 
excessive input overvoltage which may 
occur either as a steady-state overload 
or as a brief excitation transient. 
Protective measures include using a 
simple wire-fuse or magnetically- 
operated circuit breakers that can 
break the circuit with greater 
reliability and speed than fuses. The 
same transients may destroy the 
bridge-rectifier diodes, these cannot 


ri 
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Fig. 1. Automatic current limiting is 
obtained with a series sensing resistor. 
This method of control is often used 
in series-pass voltage regulators. 



effectively be protected by fuses or 
breakers. One technique to overcome 
this is to use diodes that are much 
heavier than really needed; another is 
to supplement these with an RC 
network across the output of the 
transformer — to provide a reduced 
impedance path for voltage transients. 

On the output of the supply, 
protection is needed to prevent too 
low a load impedance drawing 
excessive current. We know that a 
constant current supply uses a series 
monitoring resistor to produce a 
control voltage. The same method can 
be used to limit output current. A 
simple method often used in series 
regulators is illustrated in Fig. 1. The 
diodes D1 and D2 do not conduct 
until the voltage drop across the small 
series resistor reaches the forward 
voltage of the diodes (0.4 for 
germanium, 0.7 for silicon). If the 
output of the supply is short circuited 
the diodes will conduct and limit the 
output current to a value 



Thus if germanium diodes were used 
and R s was one ohm the supply would 
limit at 


0.4 + 0,4 
1 


= 800 mA 


Another serious condition that can 
occur is for the supply to produce (if 
only momentarily) overvoltage at the 
output. Protection against this is 
essential, for excessive voltage can 
destroy semiconductor loads 
connected to the supply. The 
technique used is very rapidly to sense 


when overvoltage occurs and 
immediately connect a very low 
resistance shunt across the output 
terminals. For obvious reasons this 
device is known as "crowbar" 
protection! 

A well-designed "crowbar" takes into 
account operating times (microseconds 
is quite feasible), recovery time after 
triggering; triggering sensitivity and 
many other features. 

The simplest crowbar arrangement is 
to place a suitably rated (and voltage 
value) Zener diode across the output, 
as depicted, in Fig. 2. If the voltage 
exceeds the Zener voltage the Zener 
conducts, clamping the output to a 
point just above the normal maximum 
voltage available from the supply. 
Excessive current is controlled by the 
current limiting protective 
arrangement presumably built into the 
supply, y 

More sophisticated methods compare 
the output voltage to a reference 
source and use any sudden difference 
to trigger (see Fig. 3) a silicon- 
controlled-rectifier which shorts the 
output thus either blowing the supply 
fuse or putting the supply into current 
limit. 

TRACKING SUPPLIES 

Many circuits, 1C op-amps for 
instance, require dual voltages — that 
is, positive and negative values referred 
to a common zero voltage. Some 
circuits require that both supplies 
provide exactly the same value of 
voltage, regardless of differences in 
load currents or fault conditions which 
may affect one output only. Another 
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Fig.2. A Zener diode across the output 
provides "crowbar" protection against 
overvoltage. 


Fig.3. Active control can provide more effective crowbar protection. This circuit 
uses a silicon-controlled rectifier to short the output should overvoltage occur. 

The supply of course must be able to withstand such a short. 
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need for uniform supply outputs is 
where a number of slave supplies are 
required to follow a master unit. 
Supplies that have this inbuilt facility 
to follow external voltage are said to 
possess auto-tracking capability. 

Auto-tracking is provided by 
comparing the two (or more) outputs 
using any (negative or positive) 
resultant error signal to control the 
regulator of one supply. One 
arrangement is shown in Fig.4. 

Auto-series operation is also available 
in some proprietary units. This enables 
a number of units to be connected in 
series in order to provide increased 
voltage. Sensing circuitry ensures that 
the voltage is shared evenly across each 
unit. 

HEAVY-DUTY SUPPLIES 

The series pass regulator transistor is 
capable of medium-demand currents. 
Several transistors may be paralleled to 
increase the total capacity. However, 
the method becomes wasteful at high 
power levels as considerable power 
must be dissipated in the series pass 
elements. 

A common way to provide greater 
power is to use the mechanically- 
driven variable transformer 
arrangement shown in Fig.8, page 20, 
of the previous article in this series. 

Another method uses special 
transformer designs that provide a 
reasonably wide degree of 
self-regulation, by varying magnetic 
leakage between primary and 
secondary windings or, by resonating 
the transformer windings with a tuning 
capacitor (transformer core saturates 
at a constant level). 

If a switch were to be incorporated, 
instead of the series-pass transistor, it 
could be operated with an on/off ratio 
such that the average power allowed to 
pass is controlled. This chopped 
waveform may then be filtered to 
provide smooth dc. Switching 
regulation, as this kind of operation is 
known, is one of the most efficient 
forms of regulator design because very 
little power is wasted. The output 
voltage is compared with a reference 
value, as before, and the resulting error 
signal is converted into an equivalent 
variable-rate, on-off digital signal. This, 
in turn, is used to control the on-off 
ratio of the series transistor switch. 
Where power loss must be minimized, 
switching regulators are essential. 

SILICON CONTROLLED 
RECTIFIERS 

Another kind of switching regulator 
uses the silicon-controlled rectifier 
SCR diode (see Fig. 5). 

Silicon controlled rectifiers, unlike 
ordinary silicon diodes, have four 
semiconductor layers and three 
terminals (anode, cathode and gate). 


Fig.4. Auto¬ 
tracking of 
two supplies 
can be 
achieved by 
using feed- 

the error 
between them 
apply correction 
to one of them. 



T 

1 



Like a normal diode the SCR will 
conduct when the anode is positive 
with respect to the cathode. But, 
unless the gate is also positive, the 
SCR will not conduct at all! The SCR 
may be switched on at any point ih 
the positive cycle by a positive voltage 
on its gate. Once the SCR is switched 
into conduction the gate loses control 


until the anode-to-cathode potential 
falls to zero. Thus in operation a single 
positive pulse will switch the SCR on 
at any desired time within the positive 
half cycle and, by varying the time at 
which this pulse occurs we may 
control the average power passed by 
the SCR. 

To pass both positive and negative 


DRMAL BRID 

Jr 


RECTIFIED SINEWAVE 




\ -► TIME 

DC OUTPUT USING \ 

SCR's (VARIABLE) SCR TRIGGERED ON 
HERE IN EACH CYCLE 


Fig.5. A range of 
silicon-controlled 
rectifier SCR's. The 
waveforms show 
how only a 
portion of each 
half cycle of the 
rectified sine-wave 
is switched through 
thus reducing the 
effective output 
voltage. 
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Fig.6. Use ofSCR’s in the power supply rectifier-bridge stage. The SCR control circuit 
output decides the average output of the bridge. 



Fig. 7. Circuit diagram 
and system schematic 
of uA7231.C. regulator 
chip. An external series- 
pass power transistor 
stage is needed to complete 
the regulator. 



half cycles we must use two SCRs 
connected appropriately or use a 
special device - called a TRIAC - 
which can be switched on for either 
polarity. 

The schematic of a regulated supply 
using SCR power control is shown in 
Fig. 6. The power handling limits of 
SCR devices range to thousands of 
amps. As their main feature is control 
of power by switching, not by 
dissipation of uniised energy, they do 
not need the same degree of cooling 
for a given load as would the 
series-pass transistor method. 


INTEGRATED CIRCUIT 
REGULATORS 

In recent years, special purpose 1C 
components have become available 
that include a reference voltage 
supply, a comparator and a drive 
circuit for controlling an external 
series-pass regulator transistor all ip 
one small device. 

One such chip is the #xA723 shown 
schematically in Fig. 7. From, the 
internal circuit diagram it is clear that 
these units are capable of providing 
excellent regulation. The output 
voltage is adjustable on demand by 
altering the proportion of the output 
voltage which is compared to the 
reference voltage by an error amplifier. 
Ancillary built-in circuitry provides 
current limiting and crowbar action if 
needed. 

Also available are regulator IC's 
which have the series-pass power stage 
formed on single silicon chips. The 
LM109 and LM309 are such regulators 
(circuit shown in Fig. 8) and provide 
5 V with output load in excess of T 
ampere.. The LM309 has internal 
thermal overload protection, internal 
current limiting and is virtually 
blow-out proof. As is shown in Fig. 
8, nothing could be simpler to use if 
a fixed voltage is needed. The cost is a 
mere three dollars — thereby, 
powerfully demonstrating that today's 
electronic discipline is a matter of 
system rather than component design. 


Further Reading 

References given in the article before 
last are most relevant to the design of 
regulators. On the more specific 
aspects of design and use, the 
following are worth considering for. 
purchase: 

"Zener diode handbook" Motorola, 
1967. 

"Thyristor projects using SCRs and 
Triacs" R.M. Marston — Butterworths, 
1974. 

"Silicon rectifier handbook" 
Motorola, 1966. 
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Simple regulated supply provides 
1.5 to 15 volts at up to 1 ampere. 



CURRENT REGULATOR ADJUSTABLE OUTPUT REGULATOR 



OUTPUT 


* DETERMINES OUTPUT CURRENT 

FIXED 5V REGULATOR 




* REQUIRED IF REGULATOR IS LOCATED AN APPRECIABLE 
DISTANCE FROM POWER SUPPLY FILTER. 

t ALTHOUGH NO OUTPUT CAPACITOR IS NEEDED FOR 
STABILITY. IT DOES IMPROVE TRANSIENT RESPONSE. 


Fig.8. The LM3091.C. 
regulator has the series- 
pass transistor (Q17) 
formed on the same chip. 
The circuitry is most 
sophisticated. Several 
different applications are 
shown schematically. 


Earlier in this course details wer& 
given of an unregulated power supply 
that provides a dc output varying from 
18 V at no load, dropping to 10 V at 
maximum load. 

This unit can be extended by the 
addition of a series-pass regulator that 
employs an 1C regulator chip and a 
power transistor. It incorporates 
current limiting and the output can be 
preset to provide any voltage between 
1.5 and 15 V with a load current as 
high as 1 amp. 

The circuit diagram for the complete 
regulated supply is shown in Fig. 9. 
By studying this, in conjunction with 
Fig. 8, it can be seen that adjusting 
RV1 provides the comparator error 
amplifier with a reference voltage up 
to the full 7.15 V produced by the 
built-in Zener reference circuit. 
Resistors R 2 and R 3 provide a divider 
chain that is tapped to enable the 
actual output voltage to be attenuated 
by a factor of 2.2. Thus the output is 
controlled so that it is 2.2 times the 
reference voltage provided by RV1. 

The capacitor connected between pin 

9 and pin 2 provides frequency 
compensation; improved feedback 
control performance is obtained by 
appropriate selection. 

Resistor R sc , in series with the 
output, is a current-sensing resistance. 
Its value, and hence the voltage 
developed across it, (at pin 1) 
determines the current limit point. Pin 

10 clamps the emitter of Q1 if V Rsc 
exceeds 0.6 V. 

The maximum output voltage and 
current obtained from the unit is a 
function of components used. Using a 
15 V centre-tapped transformer with 
1 A capacity it provides 1 A at 10 V 
and 0.5 A at 15 V. Output voltage can 
be changed by altering the ratio of R 2 
and R 3 with smooth manual control 
being obtained with RV1. Maximum 
output must not exceed 25 volts. 


ELECTRONICS - in practice 
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Fig. 1. Schematic of system used to test the frequency 
response of an audio amplifier. 
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Fig. 2. This audio frequency generator, from BWD, is a medium cost unit that provides 
adjustable amplitude sine and square waves at frequencies from 1 Hz to 1 MHz. 


THROUGHOUT electronic systems, 
repetitive waveforms of specific shape 
are commonly processed in order to 
achieve the desired function. Typically 
used are — sine waves, square waves, 
triangular and sawtooth waveforms as 
well as many types of pulse train. 

For instance one may need a 
sinewave signal generator to determine 
the response at various frequencies of 
an audio amplifier. This is done by 
feeding a sinewave into the input (as 
shown in Fig. 1) whilst monitoring the 
amplitude and wave shape of the 
output. By such means it is possible to 


establish an amplifier's gain and 
distortion over its working frequency 
range. A suitable signal source for this 
task, such as that shown in Fig. 2, 
would need adjustable frequency range 
over the audio band (10 Hz — 20 
kHz), adjustable amplitude, and above 
all an adequately pure sinusoidal wave 
shape. Any distortion in the test 
sine-wave would of course affect 
measurements. 

Similarly radio and television 
receivers are tested by injecting known 
sine-wave frequencies, only here, the 
frequencies used are much higher. 


E3 

SPECTRUM 

ANALYSER 


FREQUENCY 

CONTENT 

MEASUREMENT 


In the construction of a radio 
transmitter, or a multiplexed signal 
system, a basic carrier is required upon 
which the modulation is impressed. 
This technique was described in Part 5 
(Vol.1.) of this series. Here however, 
the requirement is for fixed frequen¬ 
cies; there mav not be the same need for 
waveform purity as in the testing of a 
superior audio amplifier. 

An excellent example of the need for 
signal generation is in electronic 
musical instruments such as the 
electronic organ or music synthesizer. 

Both types of instruments require 
numerous waveforms to be generated 
over a wide range of frequencies. 
These waveforms are then mixed and 
modified in amplitude and time to 
create an enormously wide variety of 
sounds. Virtually any sound can be 
created - from surf breaking on the 
rocks to conventional musical 
instruments. 

In instrumentation a measuring 
bridge similar to that shown in Fig. 4 
is often used. This particular 
configuration, known as a Wheatstone 
bridge works as follows. 

If, when an excitation voltage is 
applied to the bridge, R1 equals R2 
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Fig. 5. Three common, fixed-rate implantable pacemakers. 


Fig. 4. The Wheatstone bridge is 
commonly used in instrumentation for 
measurements with various types 
of sensor. The bridge is usually 
excited by an ac source so that the 
output may be more readily 
amplified. 


and R3 equals RX there will be equal 
voltages at points A and B, and hence, 
there will be no output. 

Resistor RX is usually a sensor, such 
as an LDR, thermistor etc which 
changes its resistance proportionately 
to the quantity (light, temperature 
pressure etc) being measured. As RX 
changes in value the bridge will 
become unbalanced and an output will 
be obtained, which is proportional to 
the change in light level etc. 

The excitation used is most often’ ac 
because then the output will also be an 
ac voltage. An ac voltage is more easily 
amplified and more easily extracted 
from noise than a dc voltage. 

Some instrument applications require 
a steady sine-wave to excite resonance 
in a mechanical component, this, in 
turn, is used to maintain the signal at a 


constant value. Many accurate clocks 
work on this principle. 

The pacemaker, used to strobe the 
failing human heart into regular 
pumping action, puts out a steady 
train of stimulating pulses. In this 
application the design demands are for 
long-life, utmost reliability and, in the 
case of implanted units, small size, as 
is depicted by the units shown in Fig.5. 

The time-base generator as used in 
the cathode-ray-oscilloscope, or in the 
television camera and monitor, 
provides a signal that steadily increases 
in amplitude in order progressively to 
deflect the electron-beam of a 
cathode-ray tube across the imaging 
surface. Once the end of the trace 
is reached it may retrace back 
again at the same rate or fly back at a 


much higher speed to start again. The 
generation of sawtooth and triangular 
signals that fulfil timing operations - 
the sweep action of a flat bed plotting 
table is another example - is an often 
met need. 

Digital calculators and computers 
(really one and the same thing in many 
cases, see Fig.6), require a steady 
source of timing pulses (a.square or 
rectangular wave train) that puisds the 
digital-computational circuits along 
pulse by pulse. This is called the 
system clock. In many systems, clock 
rates may be as high as several million 
pulses per second. 

In some applications a short burst of 
waveform only is required — not a 
continuous train. In this case the unit 
must generate the signal needed and 
then stop, waiting for the next 
demand. Ultrasonic and radar distance 
measuring devices are examples of this 
need: a single pulse is fed to the 
transducer or antenna, the time taken 
to go to the target, bounce off and 
return, is then measured against a time 
base. The cycle is then repeated for 
the next measurement. 

Although noise is usually regarded as 
having only nuisance value in 
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electronic systems, the occasional need 
arises where noise must be generated. 
The obvious way to test the 
performance of a system under noisy 
conditions is to feed it with signal and 
poise mixed together. By adjusting the 
signal-to-noise ratio the performance 
of the system on noisy signals may be 
measured. 

One last example is the provision of 
tremulant (amplitude modulation) in 
electric guitars. This is simply the 
amplitude modulation of the artist's 
created musical sounds with a constant 
low-frequency signal. Once the string 
vibration has been transduced into an 
electrical equivalent signal form this is 
modulated by the low frequency 
signal. 

These are but a few of the vast 
number of applications. The range of 
performance specifications vary so 
widely that we must employ many 
different generating methods to cover 
all needs. What is good for audio 
frequency is of no value at UHF 
frequencies. It is, therefore, necessary 
to study many alternatives if a really 
useful knowledge of electronic systems 
is to be gained. 

SIGNAL TYPES 

In Part 4 (Vol.1) we saw how all wave 
forms are composed of numerous sine- 
waves of different frequency and ampli¬ 
tude. In theory we need only generate 
sine-waves and mix them together as 



Fig. 6. Calculators work by processing 
pulses under the control of a train of dock 
pulses and instructions stored within a 
digital memory. Shown here is the schematic 
and logic card of the Hewlett Packard HP35 
scientific calculator. 

needed to obtain any desired 
waveform. In practice, however, this is 
rarely the way that wave shapes are 
created. There are many much simpler 
ways. For example, consider the 
generation of a low frequency square 
wave. All we need is a mechanical 
switch that repetitively opens and 
closes a dc circuit. To provide a ramp 
we need only use the voltage building 
up across a capacitor as it is fed from 
a dc source. 

This is not to say that the 
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Fig. 7. Various waveforms as photo¬ 
graphed on an oscilloscope screen. 

(al Sinewave 

(bl Sinewave with harmonic distortion 
tc) Square wave 

(d) Square wave with ringing. 

(e) Sawtooth or ramp. 

(f) Triangular (g) White noise 


Fourier-analysis method is of no value. 
Indeed, by recognising that waveforms 
can be built up from sine-waves we can 
improve wave shape by following 
design procedures that observe this 
rule. A perfectly-adequate, pure 
sine-wave can be generated by filtering 
the higher harmonics out of a square 
wave signal; a much used technique. 

A variety of wave forms is shown in 
Fig. 7. They are photographs taken of 
signal generator outputs applied singly 
and in various combinations to the 







































vertical "Y" amplifier input of a 
cathode ray oscilloscope. The CRO 
trace is swept across the screen by its 
own in-built time-base generator. With 
practice it is possible visually to assess 
the quality of a wave shape to within a 
few per cent by studying its geometric 
shape. A mask, cut out in the shape of 
the required function, if placed over 
the CRO graticule, is a useful aid in 
wave-form distortion studies. Serious 
work, however, requires the use of 
expensive frequency analysers which 
record the amplitude (and possibly 
phase) of the frequencies present. A 
pure sine-wave will have no energy at 
any other than the frequency desired. 
Thus, in practice , distortion shows 
up as energy at other higher 
frequencies. 

The square wave should be perfectly 
sharp and square-cornered — 
deviations from perfection show up as 
an obviously rounded rise and fall or 
as decaying ringing oscillations at the 
step transitions. Signal analysers are 
again ideal for studying the 
imperfections but are not always 
available due to their high cost. 

Most general-purpose signal 
generators will provide both sine and 
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Fig. 8. Basic block 
diagram of a feedback 
oscillator. 


square waves - this is because the 
square wave is easily derived from a 
sine-wave by amplification and 
clipping of both half cycles. More 
expensive generators will provide 
ramps, and triangular waveforms as 
well, and perhaps single shot pulses of 
any waveform type, the pulses being 
manually initiated or triggered by an 
external signal. 

More expensive, instrumentation 
signal-generators generally fall into 
two groups; precision sine-wave (and 
other shapes) generators with two 
outputs that can be varied in phase 
with respect to each other, at the 
other extreme is the pulse generator 
which provides digital forms of signal. 

For practical reasons, generators 
cover a specific range of frequencies. 
There are low frequency generators 
that provide signals of various 


waveforms with repetition rates of 
cycles per hours to several kilohertz. 
(What is tow is highly subjective - the 
earth scientist regards frequencies of 
hundreds of years as definite ac 
signals; the electronic engineer would 
treat these as pure dc, ac signals being 
to him those from one cycle per 
second upward. The optical engineer 
works with frequencies of terahertz! It 
is all a matter of relativity. 

The audio range is covered with 
generators providing from around 
10 Hz to 20-100 kHz, there being little 
need for higher or lower frequencies in 
audio studies. 

Radio frequency, (RF) generators 
provide frequencies needed in radio 
work, for example, 500 kHz to 
1.5 MHz for the broadcast band. Yet 
higher, are systems for testing and 
driving radar networks (in the GHz 
range). 
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Fig. 10. Schematic of Armstrong's oscillator 
— the first practical unit to apply positive 
feedback to the thermonic valve. Developed 
in 1914. 



oscillator. This type (feedback 
from tap on tank coil) is known 
as a Hartley oscillator. 



Fig. 12. An alternative arrangement of 
feedback taps the capacitor rather 
than the coil. This circuit is called a 
Colpitts oscillator. 


Noise generators provide basically 
white noise (white noise is defined as 
having constant power at all 
frequencies) within the range of 
interest. There is no sense in building 
the generator to provide megahertz 
frequencies when the unit is intended 
for 1 Hz system testing. By 
appropriate filtering noise generators 
may also provide 'pink noise' (noise 
which falls off uniformly as the 
frequency rises) or one of many forms 
of 'grey noise' (non-ideal white noise 
where the power at various frequencies 
follows no set law). 

Some generators can provide bursts 
of signal waveform at preset intervals 
between them. These are useful in 
radar and sonic distance gauging, in 
telegraphy and in electronic-music 
synthesizers. 

You might by now feel that the 
variety of needs implies an 
overwhelming number of techniques 
to comprehend. Fortunately the 
techniques used are far fewer than the 
possible applications, and many 
techniques are common to a number 
of frequency ranges. 


BASICS OF GENERATION 

Open loop — The desired waveform 
may be created by using an 
appropriately shaped mechanical 
device. A time-varying waveform can 
be produced by rotating the 
mechanical part at the speed required. 
For example, the experiment 
described in Part 5 (Vol. 1) used a 
rotating blade to alter the light level 
on a light-dependent resistor. The 
photo-optical method of generation is 
economic where very low-frequency 
waveforms of great complexity are 
needed. One commercial unit uses a 
circular transparent disk that can be 
masked as needed. One unusual 
application of such a device was to 
simulate the respiration signals of a 
snake. This allowed the data 
processing equipment, used in research 
on snakes, to be tested without a five 
snake (snakes vary their respiration 
rate randomly from minutes to hours 
between breaths). 

Rotary mechanical generators 
generally produce signals in 
'open-loop' - no use is made of the 
signal produced to modify itself. Tone 


wheels for electronic organs and 
strobing lines on turntables also 
operate this way. In general, however, 
most signal generators used in 
electronics make use of feedback, or 
closed-loop systems. 

Closed-loop — On several previous 
occasions we have seen how negative 
feedback (that is, the sign of the 
feedback voltage is opposite to the 
signal input) helps to stabilise circuits. 
Examples are, the use of an emitter 
resistor to improve thermal stability in 
the basic ac transistor — amplifier 
stage, and in the operational amplifier 
networks where a desired gain is 
obtained from a much higher gain 
amplifier; the advantage of negative 
feedback being greater precision and 
stability. 

The converse also applies: positive 
feedback leads to enhanced instability. 
By arranging for the output of the 
active device to feed back into its 
input with like sign (similar phase) any 
small change in input leads to rapid 
build up of output - up to an 
amplitude governed by the circuit. If 
the circuit can then be so arranged 









































that once this limit is reached the 
source of energy is disconnected the 
output will fall to zero again. In the 
meantime the source becomes 
energised again and the device output 
again rises. The process repeats 
providing a steady cyclic signal of 
wave form decided by the mechanism 
used. Some oscillators, as such 
generators are called, produce 
square-waves, some sinusoids, others 
ramps. 

In general, feedback oscillators 
be shown as a system, with a block 
diagram as in Fig. 8. An amplifier 
feeds a wave-shaping circuit that 
controls the time-behaviour of the 
all-important positive feedback. This 
diagram should also help to explain 
why high-gain circuits often oscillate, 
for any in-phase feedback will turn 
what is intended to be a stable circuit, 
into an oscillator — the higher the 
open-loop gain the less in-phase signal 
mee&ed to cause oscillation. 

The natural frequency of oscillation 
of a feedback system depends upon 
component • values and can be 
estimated with reasonable accuracy in 
most designs. There are three basic 
criteria that must be satisfied if a 
feedback circuit is to oscillate. Firstly, 
the phase shift through the amplifier 
and forming circuit must be zero, or 
close to zero at the frequency of 
oscillation required. Any shift toward 
180° provides increasingly greater 
stabilising action. Secondly, the 
voltage gain of the amplifier and 
forming circuit must be greater than 
unity at the frequency needed. 
Thirdly, the voltage gain must drop to 
unity once oscillation has begun. If it 
did not do this, the amplitude would 
keep on building up with time. 

These rules will become more evident 
as we now look at several design 
alternatives. 

BEFORE ELECTRONICS 

Before thermionic valves were 
invented the generation of 
high-frequency signals was particularly 
difficult. One way was to use the 
oscillatory discharging action of a 
magnetic-induction coil coupled to 
Leyden jars. The two formed a tuned 
circuit which, when the jars were fully 
charged from the dc source, discharged 
across a spark gap. A typical layout is 
shown in Fig. 9 along with 
contemporary equipment used in 
medical-electricity treatment around 
1900. These produced a train of bursts 
of decaying oscillation. 

Also commonly known at the 
beginning of this century were the 
Faradic coil generators. These were 
based on the electric-bell principle. A 
magnetic coil was fed with current. As 
the magnetism built up it pulled in a 
small armature that opened a contact 
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Fig. IS. This very 
stable oscillator, 
with a temperature 
coefficient of one 
part in 108, is 
used for calibration 
purposes. 


combined with an amplifier, the valve 
senses the periodic changes in the 
tuned circuit and feeds a signal back 
(via the tickler coil), into the tuned 
circuit, which reinforces the 
resonance, making up for the losses. 
Provided the phase is correct the 
oscillation builds up to a level limited 
only by non-linearity of the amplifier 
stage. It is like pushing a child on a 
swing. In this case the resonant circuit 
provides the frequency control for it 
will not resonate at any but its natural 
frequency. Away from resonance the 
system responds too weakly and 
oscillation dies away. 

HARTLEY OSCILLATOR 

If the inductor of the resonant 
circuit (called the tank) is tapped, the 
signal produced at that point can be 
used to provide the correct amount of 
positive feedback as shown in Fig. 11. 
In this case the base of the transistor is 
effectively earthed through the low 
impedance of C b . Thus variations in 
the tank circuit provide positive 
feedback to the active element. 
(Feeding the signal to the base is 
negative feedback, to the emitter is 
positive feedback.) 

COLPITTS OSCILLATOR 

The same effect can be obtained by 
splitting the capacitor instead of the 
inductor of the tank circuit. Figure 12 
shows the so called Colpitt's 
arrangement. The output may be 
taken from the collector, the emitter 
or from the tank inductor by 
transformer action. 

In each of the above resonant-circuit 
forms of oscillator the amplifier acts 
to inject a pulse of current, rather than 
a smooth change, into the tank circuit. 
When the amplifier operates this way 
it is called Class C mode of 
amplification. The tank circuit 
provides the quality of waveform. 
Think of the swing again. This 
oscillates sinusoidally yet is pulsed to 
keep it going. In Class -C operation the 
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thus disconnecting the coil. This then 
allowed the armature to return closing 
the contact again. The system, 
therefore, oscillates at a characteristic 
frequency. High voltage pulses were 
produced from this chopped primary 
current by induction in a secondary 
winding having a large number of 
turns. 

These two devices were commonly 
known when the first triode active 
element was invented in 1907. They 
probably led to the creation of the 
first useful thermionic valve oscillator 
built by Armstrong in 1914. 

ARMSTRONG OSCILLATOR 

Armstrong's arrangement is shown in 
diagramatic form in Fig. 10. The 
resonant circuit L x C 1( if initially 
charged, will oscillate at its natural 
frequency, decaying to zero in a few 
cycles as the energy is dissipated in 
resistive losses in the coil. When 



CIRCUIT 


Fig. 16. The Wien bridge network (in the 
dotted box) provides feedback which is 
a maximum at one particular frequency. 

If an amplifier, having sufficient gain, 
has positive feedback via such a network it 
will oscillate. 
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Fig. 17. Inexpensive 
sine wave generator 
uses a ladder network 
to phase shift the 
output signal 180° 
at the required 
frequency of 
operation. 


WEIN BRIDGE 
NETWORK 



pA741 etc). The frequency of oscillation 
fo = 1/2TTCR. Thus if f 0 = 1000 Hz 
suitable values for R and C would be 
16 k and 0.01 jJF respectively. 


active element does not need to 
respond in the linear region of its 
characteristic curves. The practical 
advantage is that it can handle 
considerably greater power levels in 
this mode. The actual signal in the 
active element is, however, a highly 
distorted version of the output. 

QUARTZ CRYSTAL OSCILLATOR 

In some designs the frequency 
generated must be extremely stable. 
The degree of stability is related to the 
quality of the resonant circuit in the 
resonant-type of oscillator. Normal LC 
tank circuits will achieve quality 
factors (Q, that is the ratio of 
reactance of the coil to its resistance) 
of about 100 but not better because in 
passive electrical tuned circuits the Q 
is limited by resistive losses in the 
inductance. 

Mechanical tuned circuits, especially 
those based on the resonance of quartz 
crystals, have Q's of 10 5 — they will 
resonate with about 1000 times 


greater stability than LC tank circuits. 

Quartz is particularly useful for it 
also possesses sizeable piezo-electric 
effect. Voltages applied to deposited 
contact areas will cause the thin slice 
of quartz to change dimensions. Upon 
removal of the voltage the crystal 
resumes its shape generating a voltage 
whilst doing so. Thus we have an 
electro-mechanical transducer which is 
compatible with the electric circuit 
and which can be used as the 
equivalent of a superior electrical tank 
circuit. 

A series mode quartz-crystal 
oscillator is shown in Fig. 13. The 
crystal "tank" couples the Colpitt's 
connection back to the active element. 
The collector tank circuit, which can 
vary a little due to its low Q, will 
become synchronised to the natural 
frequency of the quartz crystal. 

Quartz crystal oscillators are useful 
for frequencies well above audio — in 
the region of 100 kHz to 100 MHz - 
but find little application at low 


frequencies due to the natural 
limitation of quartz resonance within 
practical crystals. Where precision low 
frequencies are needed a quartz 
oscillator output is divided down to 
obtain reduced cycle periods. The 
quartz crystal can also be used in its 
parallel mode of resonance (decided 
by the way it is cut and connected). 
The Pierce crystal oscillator, shown in 
Fig. 14, uses the parallel mode. 

Quartz crystal clocks and watches 
operate on this principle. A highly 
stable signal frequency is counted 
giving time from the known period of 
the waveform. A highly stable circuit 
is given in Fig. 15. The tank circuit is 
tuned to nominally 100 kHz and 
maintains its value to within one part 
in 100 000 000 per degree Celsius 
change or per 10% change in supply 
voltage. 

PHASE SHIFT OSCILLATORS 
-WIEN BRIDGE 

Another method of obtaining 
sinusoidal oscillation is to provide the 
feedback by a network that only 
provides zero phase shift at one very 
specific frequency. The stability of 
frequency then depends upon the 
network configuration and the 
stability of the component values. 

The Wien-Bridge oscillator is the 
most commonly encountered 
phase-shift arrangement. Referring to 
Fig. 16 it can be shown 
mathematically that the right-hand 
network (taken from a Wien bridge 
arrangement) feeds back a signal which 
is sharply maximized for one 
particular frequency and which has 
zero phase shift. Provided the 
amplifier has adequate gain the system 
will oscillate. 

The main advantage of phase-shift 
circuits is that, for low frequencies in 
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Fig. 19. Generation of sine and cosine waves by implementation of a second-order, 
differential equation by means of two 1C stages. Both stages are essential even if only one 
output is required. 
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the audio region, large and expensive 
inductors are avoided. _ 

LADDER NETWORK 
PHASE-SHIFT OSCILLATOR 

The appropriate phase shift can be 
obtained if the output of the amplifier 
is fed back to the input by a chain of 
RC filter stages. A typical circuit, set 
to generate 800 Hz, is given in Fig. 17. 
Note that it is a conventional ac 
amplifier stage (refer to Part 10 Vol.1) 
with the ladder network added between 
the collector and the base to provide 
the selective positive feedback. 

USING IC's 

Although many designs of oscillator 
are based on a single transistor 
amplifier it should be clear that any 
amplifier can be wired up with 
feedback to provide oscillation. Thus, 
the now inexpensive integrated-circuit 
operational amplifier is capable of 
providing better performance with 
lower output impedance than designs 
built with discrete components. 

Application notes include numerous 
designs — we show one, that of a Wien 
bridge oscillator in Fig. 18. For this 
the bridge circuit, added to the 
op-amp, is balanced at f 0 = 1/27rCR. 
The greater the gain the closer the 


system holds to this value — hence the 
improvement obtained by using an 
op-amp opposed to a single transistor 
(gains 100 000 and 100 respectively). 

In our earlier discussion of 
operational amplifiers (Part 12 Vol.1) 
it was stated that capacitance feedback 
around a single stage provides an 
integration action. The solution of a 
second-order differential equation 
(those that describe the behaviour of 
the spring-mass system, L -C resonant 
circuit and pendulum movement) is a 
sinusoidal signal. If there is no 
effective damping the system 
resonates continuously. We can 
therefore, using two op-amp 
integrators, set up such an equation 
and set it going to produce sinewave 
and cosinewave signals. Figure 19 
shows how this is done. The Zener 
diodes clamp the output to a set 
maximum value; without them the 
output would increase to uncertain 
limits. 

In the next part we will continue 
with other classes of oscillators — 
those that produce non-sinusoidal 
waveforms, those that provide a signal 
frequency that is electronically 
adjustable, those that provide digital 
signals and those that must be used to 
generate signals at very high 


frequencies where techniques of 
amplification are quite different to 
those based on transistors. 

FURTHER READING 

Most books on transistor circuit 
design explain the principle and theory 
of oscillators. Few devote much space 
to the subject however the following 
will be found helpful. 

"Electronics for the Physicist" - C. 

F. G. Delaney, Penguin, 1969. 
"Transistor .Manual" - Gerieral 

Electric, 1969. 

''Electronic Instrumentation 
Fundamentals" — A. P. Malvino, 
McGraw-Hill, 1967. 

Books and articles on electronic 
music hardware cover many circuit 
ideas. 

"Electronics in Music" — F. C. Judd, 
Neville Spearman, 1972. 

For operational amplifier designs 
consult manufacturers' application 
notes and books on the subject such as 

"Operational Amplifiers — G. B. 
Clayton, Butterworths, 1971. 

"Modern Operational Circuit Design" 
-J. I. Smith, Wiley, 1971. 

"Operational Amplifiers — Design 
and Application" — J. G. Graeme and 

G. E. Tobey, McGraw-Hill, 1971. 


ELECTRONICS- 
IN PRACTICE 

THE BEST WAY to become familiar 
with oscillators is to build a few basic 
circuits such as those given here. 
Figure 20 shows the circuit for 
another form of phase-shift oscillator 
that uses a twin-T (a form of 
frequency selective bridge) feedback 
arrangement. Its frequency output is 
stable to within a few parts in 10 000 
for 10% supply variations. To obtain 
best temperature stability (0.2% 
change for a temperature change of - 



network. 


produces a chirping sound similar to 
that of a bird. The adjustable resistor 
alters the tone of the chirp. 

If a light dependent resistor (ORP12 
for instance) is inserted in series with 
the adjustable base-bias resistor, the 
chirp will only occur when the 
ambient light level is high — the bird 
goes to sleep at night. An amusing 
trick is to mount the entire circuit 
inside a small box — with the lid is 
opened the bird chirps. 



20°C to 80°C) use stable capacitors 
such as polycarbonate types. 

The advantage of this circuit is that it 
will operate at low frequencies. If Cj = 
C 2 = C 4 /2 and R 3 = R 4 = 2R 5 then 
the resonant frequency will be atf 0 = 
0.159/R 3 Cx. (f 0 in hertz, R 3 in ohms, 
and C 3 in farads). With the values 
shown the circuit operates at 70 Hz. 
BIRD SOUND GENERATOR 

As an example of synthetic sound 
generation the circuit given in Fig. 21 
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THE UNIJUNCTION TRANSISTOR 

The unijunction transistor, UJT for short is a three 
terminal semi-conductor device somewhat akin to the 
normal transistor. The exception is that by 
appropriate choice of the manufacturing placement 
and thickness of material, it has entirely different 
characteristics between the currents and voltages of 
its three terminals. It becomes a device in which a 
current flows once it is triggered on. It features a 
stable triggering voltage Vp, a very low value of firing 
current Ip, a negative resistance region (where a rise 
in voltage between terminals is related to a fall not a 
rise in current) and a high current carrying capacity 
once it has been pulsed on. As there are 50 different 
kinds we can only give a general impression of their 
operation here. The symbol is shown in Fig. 1. 

When the emitter, E, is reverse-biased no current 
can flow between Bj and B 2 bases. When V E rises 
sufficiently it alters the state between the bases and, 
quite sharply, l B2 commences to flow. This is seen by 
studying the representative static emitter 
characteristic curve given in Fig. 2. 

Until V E rises to close to Vp (the actual value 
depends upon the standing value of V BB and ranges 
typically from 3 V to 20 V for V bb of 4 V - 30 V) 
l E remains virtually zero. After the l EO value, 
emitter current can be absorbed and V E drops back 
exhibiting a negative resistance region. In the 
unijunction, therefore, the equivalent of the 
collector-emitter current flow of normal transistors 
takes place between the emitter and base 1; base 2 
acting as the input that decides at which point the 
circuit goes into the conduction state. 



EMITTER 

VOLTAGE 



A BRIEF description of how a 
cathode ray oscilloscope operates was 
given in Part 4 (Vol.1) of this course. 
There we saw how a sweep generator is 
used to provide a signal that causes the 
spot to sweep across the screen thus 
tracing the waveform. A television re¬ 
ceiver uses the same principle as indeed, 
does a television camera also. This 
effect is achieved by steadily increasing 
the voltage applied to a deflection plate 
(or deflection coil in a TV system). 


When the spot reaches the limit of 
travel needed it is swept back again, by 
reversing the voltage change, so that it 
eventually arrives back at the original 
level. If the rise and return of such a 
waveform are both at the same rate 
the resultant waveform is triangular; if 
the waveform returns to the starting 
point virtually instantaneously — it is a 
saw-tooth. Sweep times required vary 
from hours down to a few 
nanoseconds depending upon the 
particular application. 


A common use of saw-tooth-like 
signals is in the modulation of tones - 
eg, the rise and rapid fall of modern 
police sirens. The tones used in some 
telephone system?, and in organs and 
electronic music synthesizers are other 
well known examples of the 
application of saw-tooth waveforms. 

Most simple sawtooth generators are 
based upon what is known as the 
relaxation principle. In this method a 
capacitor is charged (Fig. 1) though 
resistor, R, which limits the current 
and hence the rate of rise of voltage 
across the capacitor. When the voltage 
across the capacitor reaches a preset 
limit, some form of device is actuated 
that discharges the capacitor back to 
its initial point. Inductors could also 
be used in a similar manner but the use 
of capacitors is more usual. Once the 
capacitor is discharged ,the device 
becomes inoperative and the voltage 
rises again to repeat the cycle. The 
simplest form of relaxation oscillator 
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Fig. 1. Functional block 
diagram oi basic relaxatiot 
oscillator. 
































uses no more than a capacitor, a 
resistor and a neon lamp as the device 
to discharge the capacitor. The details 
of this method were given in Part 7 

As with most of electronic technique 
(and life in general) the simplest 
method is not necessarily the best. The 
neon method requires a high voltage 
supply, by today's standards, and the 
charge and discharge slopes are 
exponential rather than straight linear 
rises and falls. 

Improvement can be made by 


making the charge process more linear, 
that is, by using a method that gives a 
purer integration. The first steps 
toward improvement are to use a 
much smaller part of the exponential 
charge curve of a capacitor, for this 
will be more linear, alternatively we 
can provide a more linear charge 
technique. These methods however, 
usually call for a more sensitive trigger 
to discharge the capacitor, that is, an 
active trigger element. Whereas it is 
quite feasible to use transistors as 


discharge elements the more practical 
method, usually employed in 
relaxation designs, is based upon a 
device known as the unijunction 
transistor. 

The unijunction transistor has three 
terminals labelled base 1, base 2 and 
emitter. The emitter to base 1 
resistance of a unijunction is normally 
very high, however, when the emitter 
is raised to a voltage known as the 
peak point, emitter to base 1 
resistance drops to a very low value. 
This property may be used quite 
effectively to discharge a capacitor 
once it has reached the peak point 
voltage of the unijunction. 

In the circuit of Fig! 2, capacitor Cl 
charges through Ry from source Vi 
therefore, no emitter to base circuit is 
made. When Ve reaches the peak 
emitter voltage V p of the unijunction 
(decided by the circuit values Ri, R2) 
the unijunction changes state and the 
emitter to base-one resistance falls to a 
low value. This discharges Cy through 
Ri. When the voltage has fallen to 
VE<min) the emitter to base 1 
discharge circuit becomes a high 
resistance again and the cycle repeats. 
Provided Ri, R2 have small values 
compared to Ry the oscillation 
frequency is given by 
1 


RtCt *n (fz^j) 

where 17 is the intrinsic stand-off ratio 
quoted for the unijunction device. It 
has values typically around 0.6. 

If V is kept large compared with Vp 
the capacitor is charged from a more 
constant-current source improving 
linearity. With this technique the 
linearity, however, still has an error of 
10% or so. Using a separate, 
even-higher charging voltage further 
improves linearity but at the expense 
of a more complex supply. Another 
method is to use a transistor in the 
charging path to provide 
constant-current flow to the capacitor. 

A much superior circuit is given in 
Fig. 3. The capacitor C2 and the 
output buffer stage improve the 
linearity by stabilising the voltage 
across the charging resistor feeding the 
100 77F capacitor. Components Ri and 
Ci are added as an integrating 
compensating network that further 
improves the linearity of the charge 
process. Variation in Ri is provided to 
trim the wave shape rise characteristic 
from concave through linear to 
convex. As shown, the circuit 
generates a 1 kHz sawtooth. Note the 
ability to provide two anti phase 
signals and the input that enables the 
system to be started in synchronism 
with - an external event — as is required 
to trigger, say, a CRO trace upon 
demand. 




bed 



Fig.4. A symmetrical triangular wave may be generated by integrating a square wave. 
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By appropriate design, relaxation 
oscillators can be made to provide 
sawtooth, triangular and pulse wave 
shapes. They are also the basis of 
timing circuits - for the time-constant 
of the capacitor and the trigger 
relaxation level effectively defines a 
time interval. 

Yet another way to produce a 
sawtooth is to generate a number of 
sinewave signals of chosen frequencies 
and amplitudes covering the spectrum 
of the sawtooth. These can then be 
combined to produce the sawtooth. 
This method is suitable for 
synthesizers or other precision 
generators but would normally be 
prohibitively expensive - over ten 
generators would be needed to provide 
a reasonably accurate waveshape. 

A symmetrical triangular waveform 
may be generated by starting with a 
square-wave source and integrating it 
with an op-amp type of integrator. 
This is shown diagrammatically in Fig. 
4. At point 'a' the integrator output 
starts to rise in the positive direction. 
When the square wave reaches 'b' the 
integrator input reverses and the 
output starts to fall until 'c' is reached. 
It is, however, not fundamentally 
possible to have different rise and fall 
times if the amplitude is to be held 
constant: different rates require 



different integration time constants 
for both directions of signal change. 

NOISE GENERATION 

So far we have said little about noise, 
that generally unwanted signal that 
must (usually) be kept to a 
satisfactory minimum in circuit design. 
Indeed, it might seem strange that we 
should sometimes want to generate it, 
when the usual aim in design is to 
eliminate it. 

Although noise may be any 
unwanted signal and, therefore, can 
consist of any combination of an 
enormous variety of waveforms, the 
noise usually referred to will be what 
is known as random noise. Random 
noise is a signal that has the 
interesting, but frustrating property 
that one cannot predict the exact level 
of signal at any particular instance. We 
can only characterise it by the use of 
random statistics that will tell us, if we 
know the type of noise, the chances of 
certain levels occurring at a given time. 
Various kinds of noise are termed 
white, pink and grey. Each is typified 
by the nature of its frequency 
spectrum. White noise, the usual one 
considered (but in reality not always 
the one that really occurs) has equal 
energy at all frequencies. The energy 
level of the signal will be the same at 1 
kHz as it is at 100 kHz. There is equal 
noise energy at all frequencies with 
white noise. In practice noise energy 
may fall off uniformly with rising 
frequency (pink noise), or it might not 
be quite white /in that there may be 
variation in energy at various points of 
the spectrum (grey noise). 

Unwanted white noise mainly arises . 
due to thermal agitation in resistors. 
This effect is called Johnson noise. It 
is a basic effect that can only be 
reduced by reducing resistance values, 
or by operation at lower temperatures. 

As noise exists at all frequencies, 
reducing the band-width of a system 


reduces the total noise power 
occurring at the output. 

Another noise phenonemon is known 
as excess or flicker noise. It is also 
sometimes called T/f or hyperbolic 
noise. This is noise that rises in level as 
the frequency is reduced. It occurs in 
all semi-conductors. It is usually less 
than the resistor-generated white noise 
(above 1 kHz) so is not a problem at 
high operating frequencies. The 
various types of noise are depicted by 
a representative plot of their 
frequency spectra as in Fig. 5. In 
contrast to noise of the random kind 
the spectrum of induced 50 Hz hum is 
a single line. Random noise, usually 
presumed to approximate white noise, 
appears as shown in Fig. 6 on an 
oscilloscope screen. Audibly it sounds 
like hiss because the ear is most 
sensitive to frequencies in the 1.5 — 6 
kHz region, thus the ear subjectively 
attenuates frequencies above and 
below these rough limits. 

The amount of noise generated 
internally in an electronic-system is a 
limiting factor. The noise performance 
is usually specified as the noise figure 
of the system. Noise figure is the ratio 
of signal-to-noise at the output to 
signal-to-noise at the input expressed 
in decibels. Thus a noise figure of 2 dB 
is much better than one of 6 dB. 

One way of ascertaining the noise 
contributed by a system is to measure 
the total output power of the system 
under test with a suitable driving 
(wanted) signal and then withdut the 
test signal. The residue is noise power. 
The usual method of stating noise 
power is as the RMS level of the 
randpm process. 

In another class of tests, noise of a 
known level and character is added 
until the noise output of the system is 
doubled. The amount added then 
equals the amount internally 
generated. 

White noise generators can be built 
using a wide-band amplifier to raise 
the signal level of Johnson resistor 
noise. This method, however, is 
seldom used in practice due to the 
comparatively lower noise output 
from resistors compared to other 
alternatives. 

For example, a Zener diode generates 
much more intense internal noise than 
does a resistor. Two simple noise 
generating circuits are given in Fig. 7. 
One, Fig. 7a, will provide white noise 
suitable for audio work. Capacitor C2 
(if added) filters the output reducing 
the noise level as the frequency rises — 
thus providing pink noise. The other, 
Fig. 7b, is suited to VHF work as the 
bandwidth extends beyond 150 MHz. 
Resistor R is adjusted to pass about 6 
mA through the circuit. Capacitor C2 
should be a ceramic capacitor. Output 
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Fig. 7. Two noise generators, (a) n 


via a coaxial cable, in this case, is 
essential fo preserve the bandwidth of 
the signal. 

Another noise source sometimes 
encountered relies on the variation of 
contact resistance in an 
electro-chemical cell — this produces a 
good signal at relatively low 
frequencies. It is also possible to 
approximate noise in certain cases as a 
binary (that is, two-state only) signal 
that switches between states in an 
apparently random fashion — such 
generators are called pseudo-random 
binary sequence generators, PRBS for 
short. These generate their signal by 
virtue of specially connected 
ring-counters, a technique we will 
study later in the series. The output of 
these can be averaged with a CR filter 
to provide analogue noise. 

NON LINEAR AND NON- 
REPETITIVE ANALOGUE 
WAVE SHAPES 

The waveform producing circuits 
considered so far generate sinewaves or 
linear ramps. In some instances the 
need may be for a special shape other 
than those producable by standard 
circuits. If you are lucky the distortion 
of some oscillators may be the 
waveform needed - the exponential 


(b) 

se generator suitable for audio work, (b) for VHF u. 


rise of single relaxation oscillators can 
sometimes suit the non-linear 
characteristics of CRO tube deflection 
systems. 

Provided the cyclic frequency needed 
is not too high, that is, up to about 10 
kHz, it is possible to make use of an 
optical-disk generator. In this method 
a transparent disk, on which is placed 
a mask of the required signal shape 
rotates at a controlled speed. Light 
passing through a portion of the disk is 
integrated by a photo-detector and 
collection system providing an output 
proportional to the degree of masking 
at each point. Figure 8 shows disks 
suitably masked to provide random 
noise, sawtooths and heart beats. This 
method is admirably suited to the 
generation of very low frequency 
complex waveshapes — down to 0.001 
Hz but suffers from the possible 
disadvantage that the waveshape 
period is rigidly related to frequency. 
It is not possible to retain a fixed cycle 
time with changing repetition rate. 

Given a mini-computer facility it is 
possible to generate any waveshape as 
a repetitive event, or as a "one-shot" 
event, by controlling the signal flow 
with time. In hybrid computer 
operations (those combining analogue 
with digital methods) the 
mini-computer operates switches that 



Fig.8. Complicated wave 
shapes may be generated 
by opto-mechanical 
HEARTBEAT methods. A specially 

masked disc, as it rotates, 
is used to vary the 
amount of light 
transmitted to a photocell. 


gate voltages to the output. Each 
change in the circuit alters the rate of 
rise of the output, that is, the 
instantaneous slope is controlled. It is, 
therefore, possible to create a 
waveshape by successive linearisation 
of the originally smooth curve into 
one made up of a string of different 
slopes joined end to end. The number 
of stages used decides the degree of 
accuracy of generation. 

It is also possible to generate unusual 
voltage-versus-time functions using 
diodes in conjunction with op-amps. 
Figure 9 shows the schematic diagram 
of an analogue, op-amp set-up that 
generates an outpbt voltage as would 
come from, say, a potentiometer 
driven back and fourth by a badly 
worn mechanical linkage. It also 
simulates gear backlash and a crude 
approximation to magnetic hysteresis. 
All resistors are equal and the 
integrator time-constant is very small. 
As it rises from zero there is no change 
in l 0 initially, as there is no current 
flow into the integrator because of the 
reversed-biased state of the diodes. 
When the input reaches, say E2 a 
diode conducts, starting the integrator 
which operates until the output causes 
the same diode to cut off. If e,- now 
decreases, the output is held high since 
the integrator cannot discharge until e,- 
falls to a value which causes the other 
diode to conduct. The functional 
relationship between input and output 
that results is that depicted in Fig. 9. 
This example shows how seemingly 
difficult-to-produce functions can in 
fact often be quite easily produced 
using op-amp techniques. The batteries 
are included to set the voltage at 
which the diode conducts. The need 
for batteries may be eliminated by 
using Zener diodes in place of the 
simple diodes used in Fig. 9. 

SQUARE WAVES 

Square and rectangular waves are 
most important in digital circuitry 
because they have signal levels that can 
be only one of two definite states (the 
transition times being considered 
negligible). They also are used as the 
starting point for generating pulse 
trains in which the signal consists of 
narrow pulses. Three main methods 
are used to generate square waves. 
Two start with sinewaves, converting 
them to square waves, the other gene¬ 
rates the square wave directly from a 
dc voltage. 

If a sinewave of the same frequency 
as the squarewave needed is greatly 
amplified, the slopes of the sinewave 
at the zero crossing point are raised 
more toward the vertical. Also if the 
amplifier is overdriven the upper and 
lower limits of the original sinewave 
will be clipped. A crude square wave 
results. A more positive clipping 
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process uses two oppositely connected 
zener diodes placed across the output, 
as is shown schematically in Fig. 10. If 
the process is repeated two or three 
times a quite reasonable square wave 
results with fast rise-times and clean 
tops. 

A second way, originating from a 
sinewave, uses a special circuit called a 
Schmitt trigger. In this circuit, another 
of the basic family of digital circuits, 
the output is either low or high 
depending upon whether the 
input-voltage level is above or below 
(respectively) a preset input level. 
Although the input can exist at any 
analogue level the output will always 
be only in one of two states. To 
produce square waves a sine-wave is 
fed into the Schmitt trigger which is 
set to trigger at the point where the 
symmetrical sinewave passes through 
zero. The result is a square wave, if the 
trigger level is exactly at zero, or 
rectangular if above or below. The 
advantage of this method is that very 
low-frequency square waves can be 
generated. 

A typical Schmitt trigger circuit 
(Schmitt first described this two-state 
circuit in 1938) is given in Fig. 11. For 


the values given the output swings 
from its high value of 12 V to a low 
value of 1.0 V when the input passes 
through 1.8 V on the way up. The 
output swings back again as the input 
goes through 1.0 V on the way down. 
The difference between the up and 
down trigger levels is known as 
hysteresis (or backlash). Design 
methods exist that enable the trigger 
level, backlash and output swing to be 
set as required. To produce 
symmetrical square waves from a 
sine-wave source, with this circuit, the 
sine-wave would have to have its dc 
zero placed at 1.5 V. The 150 pF 
capacitor is added to reduce the 
impedance of the 1.8 k resistor at high 
frequencies, that is, whilst the circuit 
is switching. It is called a "speed-up" 
capacitor. 

As well as being a convenient way to 
produce square waves, the Schmitt 
trigger also provides a mechanism 
whereby a hesitant effect is made 
positive. Take for example the case 
where daylight is used to operate a 
street lamp. As the light falls to 
around the operating point a 
relay-switch would chatter on and off 
with minor changes, until the average 





AMPLIFICATION 


Fig. 10. A sinewave may be 
converted to a squarewave 
by amplifying and dipping. 


light level had fallen below the critical 
region. By adding a trigger circuit with 
reasonable amount of backlash, the 
relay is made to switch on the first 
time the light falls below the preset 
level. The relay cannot again change 
state without a significant rise 
occurring in light level. 

The third way to produce square 
waves is to generate them using 
another digital circuit building-block, 
the free-running multi-vibrator or 
astable as it is also called. 

There are three main types of 
multi-vibrator — astable, monostable 
and bistable. The astable automatically 
switches continuously between two 
states, thereby producing a square or 
rectangular wave signal. The 
monostable is normally in one state, 
and is triggered by an input signal into 
its second state. It stays there for a 
predetermined time before 
automatically toggling back again thus 
producing a fixed-length, single, square 
pulse. The bistable (or flip-flop), 
toggles from one state to the other 
with each successive input control 
pulse. It thus gives one output pulse 
for every two input pulses. 

Each type can be used to produce 
"square" wave signals — the astable as 
a free running source, the monostable 
and the bistable as sources initiated by 
a train of pulses or changing levels. 

Basically each type of multi-vibrator 
is formed from two common-emitter 
stages that are coupled together with 
impedances as shown in Fig. 12. This 
provides positive feedback from one 
stage to the other causing the device to 
always be in one state or the other - 
never between states for any length of 
time. This kind of impedance - 
resistors, capacitors or a mixture - 
determines the kind of positive 
feedback applied, and hence which of 
the three functions is generated. 

Free-running astable — here the 
impedances are identical in both sides 
and are capacitors. Bias, or charging, 
resistors are added to each base as 
shown in Fig. 13. A suitable circuit for 
generating a 1 kHz square wave signal 
is given in Fig. 13a, Figure 13b is 
another circuit that will flash a small 
lamp at 1 Hz. Astable design is 
reasonably easy and is fully explained 
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Fig. 12. The basic arrangement of the multivibrator family of circuits. 


in numerous books, especially those 
devoted to digital circuitry. The period 
of the square wave produced is given 
approximately by T = 1.4RC (refer 
Fig. 13a) from which the frequency 
f = 0.7/RC- The other main 

requirements needed is to ensure that 
the transistors are capable of handling 
the current demands of R|_ when 
switched on. The output can be taken 
from either collector — the two are 
said to be complementary, that is, 
when one is high the other is low. 
Alternately the load can be wired 
directly into the collector circuit as 
shown in Fig. 13b. 

If the base resistors are fed from an 
independent source the frequency can 
be varied by external means. This 
produces a voltage-to-frequency 
convertor, or, voltage-controlled 
oscillator VCO. Referring to the 


circuit given in Fig.14, the 
approximate period is 

T = 2R C,n(I^) 

If the VCO is fed with a sawtooth 
signal the frequency output sweeps in 
synchronism — the well-known police 
siren sound. 

Monostable or one-shot — if the 
requirement is for a train of pulses of 
uniform envelope height and width yet 
of variable repetition rate, then a 
monostable driven by a pulse train of 
the required frequency is the answer. 
A monostable has one transistor base 
connected as the astable above, the 
other is resistance coupled. Figure 15 
shows a monostable set to provide a 
20 ns wide pulse for a very wide 
variety of pulse inputs. Monostables 
are often used to reshape pulses back 
to a standard shape; they also serve to 



introduce a finite time delay because 
the initial input pulse can be 
regenerated later in time from the 
trailing edge of the monostable pulse. 
Thus the input pulse is delayed by the 
time duration of the monostable pulse 
width. An approximate value for the 
pulse duration is given by T = 0.7 RC. 

The circuit given in Fig. 15 features a 
second voltage rail. This ensures that 
the off-state transistor, which ever it is 
at any one time, is adequately 
switched off. It is, however, possible 
to design monostables that operate 
between only two lines - this has been 
the trend with semiconductor designs. 

Bistable or flip-flop - this is the 
basic element used in digital computer 
counting as it produces an output 
pulse for every second input pulse, 
thereby dividing the input frequency 
by two. These have the two stages 
connected with resistors in both sides. 
Initially the circuit will start in either 
state — a set voltage is applied to the 
SET or RESET input thus 
conditioning the circuit to the initial 
state required. Input pulses or step 
voltages applied to both sides will 
cause the unit to change state at each 
input pulse. Figure 16 shows a typical 
simple design of flip-flop. The need for 
a negative voltage rail has been avoided 
by adding an emitter resistor. 
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Triggering inputs, not shown, can be 
arranged to drive into the base, emitter 
or collector in order to provide the 
toggle action. 

Designs come in two varieties — 
those in which the on-state holds the 
transistor well into saturation, and 
those in which the on-state holds the 
transistors non-saturated. The latter 
are capable of faster switching times 
but need much more careful design. 
We omit the design of the bistable for 
that is also well described in texts. It is 
a rare event, these days, for one to 
design flip-flops because they are now 
marketed in 1C forms using over 10 
transistors to achieve a much more 
stable and versatile unit at a price less 
than that of the two discrete 
transistors needed for the circuit 
shown in Fig. 16. Monostables and 
Schmitt triggers are also available in 1C 



form. The latter effect can also be 
obtained using a linear op-amp with 
suitable connections. 

PULSES 

The logical follow on from 
square-wave generation is that of pulse 
generation. In Part 7 we described how 
LR and (more usually) CR networks 
could produce pulses by 
differentiating the square wave. The 
circuits fordoing this are shown in Fig. 
17. Figure 17d shows the standard 
differentiation circuit used. It 
produces signals, as shown in Fig. 
17.1, in voltage form from (a) 
square-wave input waveform. The 
technique applies equally well for a 
single pulse requirement. Pulses 
produced this way alternate in sign. If 
both pulses are needed it is usually 
easier to produce two separate trains 
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from anti-phase square waves selecting 
and combining the pulse polarities 
needed. This is easier in practice than 
attempting to invert every second 
pulse generated by a single 
differentiator circuit. 

GENERATING EXTREMELY HIGH 
FREQUENCIES 

The upper frequency limit for 
transistor operation is at present just 
approaching the gigahertz region 
(10 9 Hz); beyond this quite different 
techniques are employed. These 
techniques use devices such as 
magnetrons and klystrons, millimetre 
travelling wave tubes, masers and 
lasers. Figure 18 illustrates the 
frequency range over which each of 
these devices is useable. 

In the earlier valve era it was very 
difficult to generate signals for radar 
needs (300 megahertz to 30 gigahertz) 
due to limitation of electron transit 
time, but late in the 1940's special 
self-resonating structures overcame 
this problem by using fields combined 
with valve concepts to 'bunch' 
electrons in a beam - typical such 
devices are magnetrons and klystrons. 
Such devices are still the best where 
high-power is demanded: microwave 
cooking ovens use magnetrons to 
generate kilowatt power levels for 
heating purposes. 

The travelling-wave tube is another 
special electron device capable of UHF 
and microwave frequency 

amplification. In this tube an electron 
beam interacts with an 
electromagnetic wave travelling along 
the tube; again the electron bunching 
effect overcomes the transit time 
limitation. The design and use of these 
forms of generator are very specialised. 
Circuitry at such high frequencies is 
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not accomplished with wires but with 
waveguides that look more like a piece 
of precision plumbing than an 
electronic circuit, 

Still higher frequencies can now be 
generated using^ various kinds of laser. 

COHERENT RADIATION 

A proper understanding of what is 
meant by 'coherent radiation' is 
essential to understanding why devices 
such as lasers are so important. 

There are plenty of devices which 
produce radiation at super-high 
frequencies — eg, a hot soldering iron 
produces infra-red, an x-ray tube 
produces x-rays and a tungsten 
filament lamp produces visible light. 
But none of these sources produce 
coherent radiation. That is, their 
output consists of a multitude of 
separate packets of radiation which, 


although they may have the same 
frequency, have randomly different 
phase. Thus it is only possible to 
modulate such sources in bulk 
amplitude. It is not possible to 
modulate in frequency or phase on a 
cycle by cycle basis. 

Devices such as lasers do produce 
coherent radiation. That is, the 
radiation is all in step, in terms of 
phase, and consequently can be 
modulated on a cycle by cycle basis. 

Lasers can provide signal sources 
ranging from the far infra-red 
(10 12 Hz) right through to x-rays 
(10 19 Hz). At present no one device 
can cover this entire range. Some are 
tunable over a limited part of the 
spectrum, but most produce a single 
frequency within this spectrum. 

Many laser sources are still in the 
exotic class and many problems 


remain to be solved. A major problem 
still outstanding is detection of such 
high frequencies. To date the highest 
frequency detected on a coherent 
waie by wave basis (that is, not as an 
incoherent bundle of energy as do 
most photo detectors) is 88 376 245 
000 000 Hz. This is the frequency of 
the infra-red emission line of the now 
well developed helium-neon laser. It is 
just five times lower than visible light. 
Above that it is still not possible to 
detect the individual cyclic changes of 
the coherent sources that now exist. 

FURTHER READING 

Most books on electronic circuits 
cover the design of generators. Try 
"Transistor Manual" — General 
Electric, 1969. 

Application notes for ICs also show 
how to produce various waveforms. 




Fig. 18. Chart showing the various regions in the higher electromagnetic spectrum and the devices used in each. 
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Fig. 1(a). A filter alters the frequency content of a signal. This means the wave shape is 
changed when displayed as an amplitude-time graph, (b). Using the frequency spectrum 
form of display the filter removes (or enhances) certain frequencies. 


TO SEPARATE peas from boiling 
water, or dirt from engine oil, one 
must use an appropriate filter. When 
the term filter is used, in any 
discipline, the meaning is always the 
same — it is a device for separating or 
selecting something from an available 
mixture or range of things. 

Filters are also extensively used in 
electronics where they are used to 
select a desired part of the range of 
frequencies which make up a 
particular signal. We have s6en many 
examples of this throughout our 
course so far. For instance, in our 
discussion of multiplexed telephone 


systems (Vol.1) we saw how it is 
necessary to separate the various freq¬ 
uency channels and pass them to indi¬ 
vidual outlets. We also saw how an 
LC tuned circuit is used to select only 
one desired radio broadcast station 
from the many available. 

Other examples of the use of filters 
are the crossover networks used in hi-fi 
speaker systems, to divide the audio 
bandwidth between two or more 
speaker drive units, the compensation 
stages in instrumentation control 
systems which improve performance 
by attenuating or enhancing relevant 
frequencies or the filters used to 


correct for the non-linear attenuation 
versus frequency which occurs with 
long-line telephone communications. 

ALTERING THE FREQUENCY 
RESPONSE 

Electronic filters, in a general sense 
then, alter the frequency content of 
signals. Their action can be 
comprehended first by considering the 
stage as a unit that alters the 
amplitude/time shape of an input 
waveform. This concept is illustrated 
in Fig. la where a square-wave is 
filtered to remove all but its 
fundamental sine wave. Alternatively, 
filters may be thought of as devices 
that change the frequency spectrum. 
This is illustrated in Fig. 1b. Both 
concepts are correct, each finding use 
to suit different needs. 

We generally think of filters as 
devices which change the amplitude of 
the signal with frequency. However, 
filters may also change the phase of 
the signal. In many applications the 
phase shift is undesirable and must be 
considered when making the selection 
of filter type. 

Unlike other circuit blocks which are 
available as built up units, filters are 
generally made specifically for the 
task. 

Many filters are extremely simple - 
varying from two components to (say) 
ten and the design procedures of most 
are easily found in texts. This is not, 
however, to say that filters are trivial 
and not worth learning about. Filter 
designs may be grouped into two main 
classes - those called passive filters 
(Fig. 2a) that use passive components 
only — such as resistors, capacitors and 
inductors; and those called active 
filters (Fig. 2b) that are based upon an 
op-amp using single or multiple path 
feedback loops. Design procedures can 
be quite complicated but because of 
the universal need for a few basic 
types of response, most design is now 
a matter of applying simple formulae 
or using graphs to arrive at the 
component values. 

By way of interest the design 
philosophy of filters — or any network 
requiring a given frequency response — 
can proceed two ways. First, one can 
propose a network configuration and 
then mathematically analyse it to get 
the generalised formula. This is called 
network analysis. The alternative and 
more modern approach (in the last few 
decades, that is) is to start with a 
mathematical expression of the 
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Fig. 3. Bode diagrams usually express amplitude (and phase) variation with frequency in 
terms of simplified responses consisting of straight lines turning at break points. The actual 
response will bp more gradual near the breakpoint. 
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frequency response needed and, by 
using appropriate mathematical 
procedures, create on paper the circuit 
needed to provide such a response. 
This is called circuit synthesis. The 
latter method has a certain fascination 
because it provides the answer in a 
more logically direct manner than the 
cut and dried analysis process 
(although sometimes one ends up with 
a requirement for non-realisable circuit 
needs such as negative frequency!). On 
the other hand, however, synthesis 
requires mathematical ability and 
considerable experience. 

In the following sections we will 
analyse a few of the more common 
filter stages. 

THE BODE DIAGRAM 

One of the, now classical, works on 
network analysis is a book "Network 
Analysis and Feedback Amplifier 
Design" by H. W. Bode published by 
Van Nostrand in 1945. Today Bode's 
work is mostly remembered by the 
AMPLITUDE 


graph which carries his name and 
relates the amplitude, or phase shift, 
to frequency for an amplifier, 
feedback system or a frequency 
modifying stage such as a filter. There 
is, at least, in principle, no distinction 
between the frequency response plots 
we have discussed to date and the 
Bode diagram. In practice, however, 
Bode diagrams are usually 
mathematical simplifications in that 
they are drawn with straight lines 
only, these lines changing direction at 
what are known as break-points and 
sloping at known rates. 

The Bode diagram exemplifies the 
behaviour of a circuit as a tool, and is 
derived from mathematical knowledge 
of the system, not from actual tests. In 
Jruth, the linearization simplification 
is usually not far from reality, and we 
will meet Bode diagrams in our study 
of filters. Fig. 3 shows the difference 
between a Bode diagram and an actual 
response plot for an RC filter. The 
Bode diagram plots signal amplitude in 


Fig. 4. Idealised responses of various 
categories of filter. 

decibels on a linear scale against 
frequency on a logarithmic scale. 

TYPES OF RESPONSE 

As with amplifiers, filter frequency 
responses are grouped into low-pass, 
band-pass and high-pass. Theoretically, 
ideal filters would have responses as 
shown in Fig. 4. There is also a 
constant need in electronic systems for 
a band-stop stage. 

In reality it is impossible to obtain 
exactly square response curves. The 
response always rises or falls, within 
the transition region, with a rate of 
steepness that depends on the design 
used. A general rule is that the simpler 
the design (least number of 
components) the more gradual will be 
the transition. Also the more rapid the 
transition the more likely are effects 
of "ringing" encountered. Do not 
confuse these concepts of shape with 
amplitude-time wave shape graphs: 
these are amplitude (phase) — 
frequency curves. To illustrate this 
concept compare the two extremes 
given in Fig. 5. Figure 5a is for a most 
basic RC stage. Fig. 5b is for a 
response having rapid cutoff — a 
Chebyshev filter stage. 



(a) SIMPLE R.C. LOW PASS 
FILTER STAGE 


Fig. 5. As a general rule the more complex the filter circuit, the sharper 
the roll-off but the more variable the response in the passband region, 
(a) RC low pass stage, (b) Advanced Chebyshev stage. 



FIG. 5 


(b) FOURTH ORDER CHEBYSHEV 
LOW PASS FILTER STAGE 
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UNFILTERED 

ELECTRICAL 

SIGNAL 


Fig. 6. By converting the electronic signals to mechano-acoustic form it is possible to make 
use of the extreme sharpness of mechanical resonant systems. 


It is also worth noting that no filter 
is perfect, for frequencies are only 
attenuated relative to each other. If a 
signal appears at a high enough level at 
the input of a filter stage it will appear 
at a reduced level in the output and 
could be troublesome. Acknowledging 
this, the degree of attenuation chosen 
should be matched to the 
circumstances expected. It is pointless 
(and unnecessarily expensive) 
designing a stage to provide, say, 
120 dB reduction of the unwanted 
frequency if it never reaches more 
than, say, 10 dB of the wanted 
frequency, apart from which an 
unwanted signal which is more than 60 
dB down on the wanted one rarely 
causes problems. 

DEFINING THE 
RESPONSE BANDWIDTH 

As realistic filters fall short of being 
ideal there is no clear-cut point, where 
the response changes markedly 
enough, to use as the criteria for 
defining bandwidth. In some simple 
filters we could use the apparent 
position of the breakpoint but this 
would not hold for all filters. 


PORTION OF SIGNAL 
IS RETURNED DUE 
TO MISMATCH 



SQURCE LOAD 


The convention used is that the 
cut-off point is defined as where the 
response power falls to one-half of the 
passband value. Half power, expressed 
as a voltage change, is 0.707 of the 
passband voltage level which is —3 dB 
in decibel units. (Often called the 
'3 dB down' point.) 

The bandwidth of bandpass (or 
bandstop) filters is, therefore, the 
frequency interval between the two 
cut-off points situated on each side of 
the bandpass (or stop) region. 
Bandwidth of a high-pass design has no 
real meaning as the frequency rises to 
infinity. Low-pass units have a 
band-width from zero frequency (dc) 
to the cut-off value. 

In the case of complex designs the 
stated response often omits what 
happens at frequencies remote from 
the usual frequencies of interest. It is 
wise never to assume that, say, a 
bandpass filter only passes frequencies 
between the design points. It may well 
have "windows" much removed from 
that region. Additional stages are 
added in some system designs to 
exclude these effects. 


INCORRECT AS REFLECTIONS 
MAY BE TROUBLESOME AT 
HIGHER FREQUENCIES 



CORRECT NO REFLECTIONS 
WILL OCCUR 


CONNECTIONS OVER LONG LINES 
SHOULD BE MADE BY MATCHING 
INPUT AND OUTPUT IMPEDANCES 
TO THE IMPEDANCE OF THE LINE 


Fig. 7. Reflection of RF energy will arise if stages are not terminated into each other with 
the same impedance. Filter stages should observe this requirement. 


Whereas the majority, of filters used 
in electronic systems are made solely 
from electronic components there do 
exist circumstances where 
transduction to mechanical principles 
for filtering, and back again to 
electrical, are advantageous. One 
example is the use of tuned resonant 
reed filters, such as is depicted in Fig. 
6 , which exhibit extremely narrow 
band-pass characteristics. 

Often the response of a bandpass is 
expressed in terms of its quality factor 
— that is the Q-factor of the peak. This 
definition was discussed when we dealt 
with resonant circuits earlier in the 
course. 

THE EFFECT OF 
ADDING A FILTER 

When the main purpose of adding a 
filter is to alter the frequency 
composition of signals it is not 
unexpected that the other effects 
brought about by its insertion might 
be overlooked. 

As in any system changed by the 
addition of a cascaded 'box', the 
output of the preceding stage and the 
input of that following must be 
considered from the loading point of 
view. It is quite unrealistic to design a 
stage in isolation, unless the filter stage 
is adequately buffered, for the 
impedances connected to its input and 
output will alter the cut-off points - 
and hence different values will be 
required to achieve the designed 
characteristic. 

The term 'Insertion Ratio' will often 
be encountered, it describes the ratio 
of output voltage with and without 
the filter, that is, the voltage Insertion 
Ratio = Vout (no filter) 

Vout (with filter) 

Expressed in decibels of loss we arrive 
at the term Insertion Loss = 20 log 10 
(Voltage Insertion Ratio). In practical 
cases, however, one may well design a 
stage to provide insertion gain 
(especially in active filter stages). 

When matching a filter into a system 
it may be important to conserve 
power, voltage or current. To ensure 
maximized power transfer the input 
impedance to the filter must be of the 
same value as the output impedance of 
the stage before. Similarly, its output 
must be terminated into the same 
value. If voltage levels are to be 
maximized then the filter input 
impedance must be much higher than 
the output impedance of the driving 
stage. Current maximization requires 
the reverse relationship. 

When the frequency of operation is 
high another problem becomes 
significant - that of reflections. When 
energy is launched into a network 
containing storage elements - a filter 
stage is such - some of the energy 
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may be returned to the source which, 
in turn, may reflect it again, the final 
situation being that the net sum of all 
of these travelling waves of energy 
cause excessive power losses in the line 
(and distortion). This effect is very 
pronounced in radio-frequency 
transmission lines. 

The extent to which a reflection 
occurs is decided by the degree of 
difference in the impedances seen in 
both directions at a system block 
junction. If a filter is terminated into 
the source with the same impedance in 
both directions there is no mismatch 
and no reflection occurs. This concept 
is depicted in Fig. 7. 

As the two impedances differ in 
magnitude so does the amount of 
signal reflected. A similar situation 
applies at the output of the filter. 

Mismatch terminations begin to 
generate noticeable spurious signals 
this way from megahertz frequencies 
upwards. This is the reason why 
wide-bandwidth amplifiers, such as 
videoamps, must be designed with 
output impedances that match the 
feeder cable. Coaxial cable can be 
shown to have a characteristic 
impedance set by the ratio of size and 
spacing of its conductors. It is 
invariant with length of cable. Typical 
coaxial cables have impedances of 50 
or 75 ohm. Alternatively another kind 
of cable having two wires with a fixed 
separation between them may be used. 
Such transmissions lines have typical 
impedances of 200, 300 or 600 ohms. 
Whilst on this subject, one way of 
locating open-circuit and short circuit 
faults in cables is to send a sonic pulse 
(these travel much slower than 
electromagnetic waves) down the cable 
— timing the arrival of reflected pulses 
produced by the gross mismatch that 
exists at the fault. 

Filter stages, as said before, also 
introduce phase shifts. A sine-wave 
input will appear at the output shifted 
in time by some fraction of the 
electrical cycle. In the compensation 
networks of feedback controllers 
phase shift must be carefully 
controlled, for a wrong value of phase 
$hift may cause the system to become 
unstable. That is, if the phase shift 
approaches 180°, the feedback 
becomes positive, instead of negative, 
and the system oscillates. 

PASSIVE DESIGNS 
THE RC FILTER 

The simplest passive electronic filter 
is the RC network set to act as a 
low-pass or high-pass stage. The two 
alternatives are shown in Fig. 8. In Fig. 
8 a it is easy to see that at low 
frequencies the capacitive reactance is 
very high and the output is the same as 
the input, provided the load 



impedance connected is significantly 
higher than the value R. As the 
frequency rises X c decreases, lowering 
the output voltage. The reverse 
situation applies for the high-pass unit. 

Mathematical analysis shows that the 
response plot — the Bode diagram — 
for these can be constructed by 
recognizing that there is just one break 
point and that the response falls away 
at 20 dB/decade change in frequency 
(ie 6 dB/octave). An octave change 
.corresponds to 2 : 1 frequency ratio; a 
decade change is a 10 : 1 ratio. The 
jargon used is that the response 
rolls-off at the stated rate. Regardless 
of the values of RC chosen the roll-off 
rate stays the same. The break point 
occurs at f c = 1 

2ttRC. 

To illustrate this consider the 
construction of the Bode diagram for a 
low-pass filter with R = 100 kilohms 
and C = 500 pico farads. The break 
point occurs at 


fc = 6.28 x 100 x 10 3 x 500 x 10“ 12 

and it slopes downward from there at 
20 dB/decade to give the plot shown 
in Fig. 9. 

This much may seem almost trivial 
and, indeed, it is over-simplified. In 



Fig. 10. Practical RC filter designs should 
allow for source and load resistances. 



practice there will be a source and a 
ioad impedance connected to the filter 
terminals. Fig. 10 shows the practical 
case in general. 

It is also not hard to reason out what 
happens when the source and load 
impedances are taken into account for 
Rs is in series with R and Rl is in 
parallel with C. By expanding our 
mathematics we find that the formula 
becomes 

fc= —1_ 

2tt [R s + R)//R l ] C 

Hence, if the stage is not buffered 
the breakpoint can be quite different 
from that arrived at from the 
time-constant of the filter alone. For 
example if load and source impedances 
are both 1 k in our previous example 
the breakpoint changes from 3.2 kHz 
to 2.66 kHz. Further, the stage will 
introduce attenuation: the gain in the 
paSsband becomes 

Vout = Ri _ 

Vin Rs + R + Rl 

for our example =-- 

1000 + 5000 + 1000 

= 0.4 

By use of appropriate values of 
source and load resistance it is 
possible, therefore, to set the 
attenuation and draw an appropriate 
Bode diagram. 

The high-pass RC filter is considered 
in the same way — to arrive at 


Fig. 8. Basic RC filter stages (a) tow-pass lb) high-pass. 

100k 

o-vWV 


I 


Fig. 9. Bode diagram for low-pass RC filter in which source and load are not significant. 
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i _ 

f c = 27T(R s + R//R L )Cand 

Vout = R // Ri 

R S + R // R l 

for the practical case where source and 
load impedances cannot be ignored. 

The observant reader will probably 
have realised that an amplifier stage 
with capacitive coupling has an 
equivalent circuit that is a combined 
highpass and lowpass filter with gain 
added between. The high-pass response 
arises from the coupling capacitor and 
the stage input impedance, the 
low-pass response from the output 
impedance and the stray capacitance 
existing to ground. 

It is possible to combine a low-pass 
RC stage with a high-pass stage to 
arrive at a bandpass filter. These, 
however, are not particularly selective 
bandpass filters because of the 
relatively poor roll-off slopes 
(20 dB/decade). Further, if the 
bandwidth required is small, the two 
stages interact producing a 
non-constant passband gain. To obtain 
a satisfactory design it is important to 
ensure that the second stage resistance 
(the shunt of the high-pass stage) is at 
least ten times that of the first (the 
series resistance of the low-pass stage). 
Also the two break points should be at 
least a decade apart. 

RC NOTCH FILTERS 

Some applications call for rejection 
of a narrow band of frequencies, the 
reduction of 50 Hz or 100 Hz noise, 
for example. A very effective, yet, 
inexpensive technique makes use of a 
type of Wheatstone bridge which 
requires only resistors and capacitors 
and yet provides very sharp roll-off. 



Fig. 12. Notch acceptance can be provided 
by using a notch-rejection circuit in the 
feedback of an op-amp. 


The Twin-T or parallel-T notch filter 
is such a circuit and is shown in Fig. 
11. (It can be redrawn as a 
more-obvious bridge circuit and 
comprises two T circuits connected in 
parallel). At high or low frequencies it 
is easy to see that the capacitances 
either go to low or high reactances 
providing in both instances a virtually 
unaltered signal level through the 
stage. At the balance point, of a 
twin-T bridge, there exists a frequency 
- the so-called notch - at which the 
output falls very nearly to zero. This 
occurs for the circuit of Fig. 11 at 

fc = 2?RC 

Loading will reduce the depth of the 
notch. 

In some applications it is desirable to 
be able to tune the notch to varying 
frequency values. In the Twin-T design 
this requires that all three resistors (or 
capacitors) be varied simultaneously. 
A ganged multi-unit potentiometer or 
capacitance bank is used. 

Other forms of bridge filter exist, 
each having its own particular feature. 
No simple RC circuits exist that 
exhibit the reverse characteristic of the 
notch filter - that is spike acceptance 


ot a particular frequency. This re- 
ponse however, can be provided by 
using a notch-filter as the feedback im¬ 
pedance in an op-amp that is set up as a 
simple inverter. This is shown in Fig. 12. 
In this way the gain of the stage rises 
rapidly with increase in effective 
feedback resistance at the notch 
frequency. 


IMPROVING THE 
ROLL-OFF 

RC filters, apart from notch circuits, 
cannot provide much selectivity 
between signals due to their poor 20 
dB/decade rolloff. This slope can be 
improved by cascading stages but this 
is not a preferred method for there 
exist other more economical designs. 

The next stage of complexity is to 
use designs combining inductors and 
capacitors: no resistors are needed. 

That these provide improved roll-off is 
to be expected for we have seen earlier 
in this course that a resonant circuit 
can provide very sharp responses. By 
way of example a single stage LC filter 
can provide at least 12 dB and up to 
25 dB/octave rolloff compared with 
only 6 dB/octave for an RC stage, and 
furthermore methods have been 
established (discussed in next part) 
that enable these to be cascaded 
without difficulty — a four stage unit 
can achieve 100 dB/octave rolloff! It is 
even possible to 'peak up' a specific 
frequency in the passband. In the next 
part we will also explain the virtues of 
adding amplifiers to form active filter 
circuits. 


FURTHER READING: 

Electronic Instrumentation 
Fundamentals" - A.P. Malvino, 
McGraw Hill, 1967. (This has a fine 
chapter on RC and LC filters which is 
not complicated with circuit analysis 
and mathematical symbology). 

''Radiotron Designers Handbook" - 
F. Langford-Smith, A.W.V. 1955 and 
subsequent editions. (Covers RC filters 
and supplies response graphs in a small 
section). 
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AS WE saw in the previous section 
resistor-capacitor filters can only 
provide roll-offs of 6 dB/octave (20 
db/decade). On the other hand 
combinations of inductors and 
capacitors can provide much steeper 
rolls-offs and a response at the 
turn-over point which can be tailored 
to a desired shape. 

The variety of LC component 
combinations that can be employed is 
great indeed and, to the uninitiated, 
the design of such filters can seem to 
be very confusing. However, circuit 
analysts have established design 
procedures which enable a filter having 
any practical characteristic to be 
designed in a logical, formalized 
manner. The method is based on the 
use of cascaded basic sections. 

TWO-TERMINAL PAIR 
NETWORK CONCEPTS 

As we have seen at various times in 
the course so far, filters can be circuits 
having just two terminals — a resonant 
circuit for example, or they can have 
two input and two output terminals — 
the so-called two-terminal pair 
networks. (The RC filter is of the 
two-terminal pair kind). The two 
different types are illustrated as 
system blocks in Fig. 1. Note that it is 
conventional to show input on the left 
and output on the right. 

As said before many possible circuit 
configurations exist for filters, and the 
designer has to make a compromise 
between using a simple arrangement of 
many components that can be easily 
handled mathematically, or, a few 
components in a more complex 
network that cannot be treated by 
general formulae. Here we will 
examine the approach based on 
grouping numbers of simple and 
similar networks, to obtain the desired 


response, by the methods originally 
proposed by Zobel in 1923. 

The simplest type of network is the 
LADDER, as illustrated in Fig. 2, the 
defining feature being that it has a 
common line. When the lower line also 
includes impedances (resistor elements 
are used to represent what are usually 
reactances) the network is called a 
LATTICE; these are much harder to 
design and are less commonly used. 
Let us examine how a ladder network 
is broken down into even more basic 
structures. 

By convention the series elements of 
a ladder are labelled Z 1( andthe shunt 
elements as Z 2 - These elements will be 
either capacitors or inductors and, it is 
assumed that the filter is driven from, 
and drives into, pure resistances. 

Within the ladder arrangement, 
shown in Fig. 2, can be seen three 
basic building structures — called the L 
section (inverted L to be absolutely 
correct), the T section and the it 
section. The three are shown separated 
in Fig. 3.- 

In Fig. 4 we see how standard T or 7r 
sections can be connected to provide 
the same effective ladder network. 
Conversely a ladder network may be 
subdivided into standard T or u 
networks by breaking the values up as 
shown. 

The interesting and quite vital point 


is that the T or 7r stages have the same 
input and output impedance. That is 
they are symmetrical. The L section, 
however, is unsymmetrical in that 
input and output terminal pairs are 
not interchangeable. Two L sections in 
series will produce a T or a 7r section. 

When two identical T or 7T sections 
are cascaded they are matched into the 
same impedance - maximum energy is 
transmitted and no reflections occur. 
Each terminal sees an image of itself, 
this property giving the name image — 
parameter design to this filter design 
method. 

CONSTANT-K FILTERS 

Even though a quite, simple 
configuration has been used there can 
still be a wide range of combinations 
each with complicated mathematical 
solutions. 

By introducing another assumption 
we can make some headway toward 
realising a wide range of characteristics 
with a reasonable degree of 
mathematical simplicity. This 
assumption is that Z 1 • Z 2 = R 0 2 
where R 0 is a true resistance called the 
characteristic resistance. (This may 
seem strange but the multiplication of 
capacitive reactance with inductive 
reactance yields just that). Hence Z x 
and Z 2 must be a combination of 
capacitor and inductor giving us 



Fig. 3. The basic filter section. 


ELECTRONICS IT’S EASY - VOL. 2 


49 

















ELECTRONICS -it’s easy! 



i i i 

FROM n SECTIONS 

Fig.4. Building up the ladder network from basic sections. 


whichever gives a value greater than 
one. 

The following example shows how a 
constant-K filter is designed to given 
response requirements. 

The basic design formulae are: 

R 0 1 a dB 

L ~'27rf c C “ 2 tt f c R 0 n = 8.7«^ 

The values given at the start will be 
Ro- f c . oc and a dB. We need to 
establish, in the synthesis situation,, 
the values of L, C and n. The necessary 
configuration is established by Idgical 
deduction of the appropriate 
placement of components in the 
sections. 

Example : Design a high-Dass filter 
having a cut-off frequency of 10 MHz 
and a signal attenuation of 100 dB at 5 
MHz. The characteristic resistance is to 
be 50 ohms in order to match the 
existing system into which the filter is 
to be fitted. 


equivalent stages with L and C 
proportions as shown in Fig. 5. The 
rule holds true for an L section 
provided we treat full shunt or series 
reactance as 2 L or 2C. 

The name constant-K arose from the 
origfnal terminology where Zobel, in 
1923, used K instead of our now 
accepted R 0 . Filters designed to this 
rule are hence called constant-K filters. 

Regardless of whether the stage is 
designed to be high pass or low pass - 
the cut off frequency will be the same, 
that is, at the resonance point of the 
LC values of the standard equivalent L 
section. 

That is cut-off frequency 1 

f c = 2rrV LC 

For example in the n section of Fig. 
6 the equivalent L section networks 
have L of 1 mH and a C of 0.5 
microfard. 

That is cut-off frequency 

fc 27rVl0‘ 3 x0.5x10' 6 
= 7.1 kHz 

Also from Z x • Z 2 = R 0 2 
characteristic resistance R 0 = \JZ l Z 2 

However the capacitive reactance 
must be written as a reciprocal and in 
Fig. 6 this is Z 2 . Hence:- 

Ro=VZl 

z 2 

, 10' 3 

= v-= 45 ohms 

0.5 x 10‘ 6 

Thus we see that the source and load 
impedances used with this network 
must be 45 ohms, if maximum power 
is to be transferred, and the network is 
a low-pass stage having a cut-off 


frequency of 7.1 kHz. 

If L and C were reversed the filter 
would have identical R 0 and f c but it 
would now be a high-pass stage. 

An important feature of 
image-parameter design is that 
image-matched stages can be cascaded 
without altering the cut-off 
frequencies or the characteristic 
resistances. Each additional stage 
improves the roll-off, thereby giving a 
powerfully reliable way to obtain the 
desired rapidity of attenuation 
without having to re-design the whole 
system as extra stages are added. 

It can be shown that the attenuation, 
a, in the stop band, expressed in 
decibels, is a dB = 9.7 n ol where n is 
the number of standard -T (or 
standard — it) sections cascaded, and eJL 
is 2 Cosh -1 f/f c . Cosh -1 means the 
cosh function (a hyperbolic 
trigonometric expression) whose ratio 
is f/f c . As most readers will not be 
familiar with the coshine function 
Fig. 7 gives the relationship between 
values ofci and frequency ratios 
normally encountered. Note that 
either f/f c or fc/f is used depending on 


R 0 _ 50 

2 tt f c 2 tt 10 10 6 


= 0.769 /uH 


C 


1 1 
2 it f c R 0 = 2it 10 10 fi .50 = 318pF 


To determine oL 
f c = 10.10 6 


f 5.10 6 

From the chart o/.= 2.64. 

_ Number of stages required, n = 


We cannot however have 0.35 of a 
st^ge and therefore must use five 
stages to obtain at least 100 dB 
attenuation at 5 MHz. 

The formulae for L. C are for the 
basic section so we have to halve values 
accordingly, giving us the circuit of 
Fig. 8. We could just as correctly 
divide the system into a it rather than 
a T configuration. Design of a low pass 
stage proceeds in just the same way. 


t— o q - j j o o— f WifO '— j —o 

--O O-H-lo o-Xo 


Fig. 5. Convention used in this explanation of LC filter design. 


is equivalen 

i 1/uF >- 

O- 1 -O 
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Fig.8. 5 section, constant -K, 
high-pass fitter with cut-off of 
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ratio f/f c 

Fig. 7. Chart relating value oft/- and frequency ra 
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The design of band-pass and 
band-stop stages is more complicated 
going beyond the scope of this course. 
Suffice to say that the components in 
the arms now become series or 
parallel resonant combinations. The 
basic L-section for a cOnstant-K 
band-pass is shown in Fig. 9a and the 
basic L-section for a band-stop in Fig. 
9b. Readers who wish to pursue these 
can obtain guidance from the reading 
list. 

M-DERIVED SECTIONS 

As can be expected the simplifying 
assumptions made in the constant-K 
design, to obtain a reasonably straight 
forward mathematical procedure, also 
create practical disadvantages. The 
first defect is that the image 
impedance does not remain constant 
and varies in such a way that 
noticeable reflections occur near the 
cut-off points. The second defect is 
that the roll-off is slow just near the 
cut-off point: it is adequate further 
away from that point. 

Zobel's concept to overcome this 
involved additional cascaded stages 
that, in effect, flatten out the 
passband response and sharpen up the 
cut-off point attenuation. These extra 
stages are called M-derived sections: 
one is usually added on each end of 
the ladder designed by the constant-K 
method. 

We can only give an example circuit 
to illustrate this — Fig. 10. Although 
the formulae for arriving at the values 
are simple they must be applied with 
great care, the user having adequate 
experience in order to know the 


correct procedures. Again we must 
leave it to the reader to take this up in 
more specialized texts. The design of a 
full M-derived system requires 
extensive effort and training and is 
much more the task of a professional 
circuit designer than the reader for 
which this course is designed. The 
most extensive application of 
M-derived filters has been in 
communications engineering - 
telephones, telegraphy and 
multiplexed radio links. Voluminous 
books have been compiled that list 
tables giving values for chosen designs. 
Special computer programmes have 
also been developed to provide 
automatic constant-K and M-derived 
section filter designs. 

ACTIVE FILTERS 

The basic active RC building blocks 

Passive filter designs had reached 
their present sophistication as much as 
50 years ago and in the absence of 
anything markedly better they 
continued to be the most used design 
until the mid 1950's. Amplification 
was added to make up for the 
attenuation that usually is experienced 


with passive designs. 

With the introduction of reliable and 
less power-thirsty solid-state amplifiers 
in the late 1950's came the so-called 
active-RC filters. These combine an 
operational amplifier with passive RC 
components thereby producing 
filtering action more efficiently than 
the more obvious passive network 
followed by an active stage. One very 
valuable feature is that the effective 
value of, say, a capacitor can be 
multiplied up many times on its actual 
value thereby saving space and 
enabling designers to build circuits 
needing large effective values. It is also 
possible by active filter design to avoid 
the need for inductors in filter circuits. 
Inductors are best left out, if possible, 
for they are usually bulky, expensive 
and very lossy — they are nowhere as 
"ideal" as capacitors. They also are 
non-linear in operation and can be 
saturated by excessive current. 

The basis of an active RC network is 
more often than not a reasonable 
quality operational amplifier set up to 
provide one of the following four basic 
circuit concepts. 

I.The high gain (60 dB or more) 


NORMALLY LUMPED v. 



M-DERIVED ! LOAD 


Fig. 10. Example of constant -K filter with M-derived end sections. 
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ELECTRONICS -it’s easy! 


GYRATOR SYMBOL 



12. The gyrator. 


Fig. 11. Realising 



NETWORKS OF MANY 
PASSIVE ELEMENTS 



Fig. 13. Single-loop feedback active filter schematic. 


voltage amplifier with close to infinite 
input impedance and almost zero 
output impedance — in short, the 
normal mode of an op-amp as we have 
discussed previously. 

2. The low gain (20 dB or less) 
voltage amplifier, also referred to as a 
voltage-controlled voltage source or 
just VCVS. 

3. The negative-emittance or 
negative impedance converter NIC. 
This is a most interesting system block 
for it enables positive value 
capacitance or resistance (that 
obtained with normal capacitors and 
resistors) connected at its input to 
appear as negative value capacitance or 
resistance at its output. It enables 
circuit designers to physically build 
circuits requiring non-physical negative 
capacitors and resistors. (IN 1C 
indicates an ideal current-inversion 
NIC, and VNIC indicates an ideal 
voltage - inversion NIC). A typical 
realisation is shown in Fig. 11. 

4. The Gyrator. This is another 
intriguing unit for the output appears 


as the reciprocal of any impedance 
connected to its input. Thus a 
capacitor at its input appears as an 
inductor at the output. The gyrator, 
therefore, eliminates the need to use 
physical inductors and what is more, 
can provide more "ideal" inductors 
than real units. It can be realised using 
op-amps as shown in Fig. 12. 

With these four basic possibilities 
available the circuit designer is rarely 
restricted by having synthesised a 
circuit needing non-physical 
components. 

CHOOSING AN ACTIVE 
FILTER DESIGN 

Given the above four system blocks 


it is possible to produce an incredible 
variety of active filters. As with 
advanced passive designs, few people 
have enough training to be expert 
active-filter designers. Here we can 
only give a guide that provides the 
necessary awareness of what to look 
for, along with words of caution as to 
what it is reasonable to expect from an 
actual active-filter design. 

The voltage amplifier can be used in 
its simplest conceptual way with a 
single-loop feed-back path (SFP) as 
shown in Fig. 13 — remember how we 
have already seen that an op-amp 
integrator acts as a low-pass filter and 
how a notch-rejection filter, 
introduced into the feedback path, 
produces a notch-acceptance response 
instead. 

Alternatively, we can make use of 
multiple feedback paths (MFP) as 
depicted in a general sense in Fig. 14, 
the design using minimum component 
count. These, somewhat surprisingly, 
use fewer passive elements than 
single-loop circuits. For this reason 
this form of active filter is the 
configuration most often used. 

The other options open to us are to 
use an op-amp set up as either a 
controlled source with added elements 
- see Fig. 15, or as the 
negative-impedance convertor shown 
schematically in Fig. 11. These can 
offer certain advantages over the 
voltage-amplifier designs but suffer 
some disadvantages. NIC devices, for 
instance, do not give the ideal zero 
output impedance. Stages must be 
buffered to retain designed 
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Realization 

Technique 


Property 

Infinite- 

Gain 

Single- 

Feedback 

Infinite- 

Gain 

Multiple- 

Feedback 

Controlled 

Negative- 

Immittance 

Converter 

Minimal number of 
network elements 

- 


* 


Ease of adjustment 
of characteristics 

- 

0 

0 

* 

Stability of 
characteristics 


* 

- 

- 

Low output 
impedance 



* 

- 

Presence of 
summing input 

♦ 

- 

- 

- 

Relatively high gain 
available 


- 



Low spread of 
element values 

* 

- 

* 


High-Q realizations 

* 

- 



+ indicates the realization is superio 

for the indicated property 


0 indicates the realization is average for the indicated property 


- indicates the realiz 

ation is inferior for the indicated property 



ADDITIONAL NETWORK 
TO FORM ACTIVE FILTER 



performance, tor example, when they 
are cascaded to obtain higher orders. 
On the good side is the small number 
of passive elements needed. Fig. 16 
compares the four alternatives showing 
that no one type is exclusively the best 
choice. 

At this stage we can only suggest that 
details of designs can be found in the 
many text books and application notes 
now available. Very few people would 
attempt (or even could) design an 
active filter from basic theory today. 
There are now available many well- 
prepared circuit design guides. The 
Burr-Brown "Handbook of Operational 
Amplifier Active RC Networks" has an 
excellent one. This book is now, alas, 
out of print and we are therefore re¬ 
printing the relevant sections (or a 
similar article) in the UK and Australian 
editions of Electronics Today Inter¬ 
national during 1977. (Contact the res¬ 
pective editors for details). The reprint 
will contain filter circuits for low, high 
and band-pass operation and design 
procedures for each. Further guides 
are listed at the end of this section. 
FILTER CHARACTERISTIC 
TERMINOLOGY 

The ideal edge on a filter 
characteristic is usually a sharp 


Fig. 16. Comparison table for various kinds 
of active filter realisations (from Burr-Brown 
handbook). 


"square" response with attenuation 
occuring instantly as the frequency 
passes through the corner point. It 
should also have a constant response 
level at all points in the pass-band 
regions. As well as the rudimentary RC 
filter characteristic which falls off at 
20 dB/decade from a breakpoint, two 


other kinds of response are commonly 
encountered. These are Butterworth 
and Chebyshev responses. Both derive 
their names from persons who 
developed the mathematics involved — 
(Butterworth designed filters around 
1930, Chebyshev developed certain 
mathematical theory in his study of 
steam-engine linkages around 1850). 



The Butterworth response is said to 
be maximally flat (that is as flat as 
possible) in the pass-band region. It 
has the optimum constancy possible 
with a given number of available 
peaking resonances (the complex 
passive or active filter circuits can be 
regarded as a group of staggered-tuned 
resonating sections, each arranged to 
peak just aside of the others, thereby, 
providing a broadened response band 
and a reject region). Fig. 17 shows the 
kind of Butterworth responses 
obtainable. Note that each passes 
through the 3 dB, down half power, 
point. The order (a mathematical term 
denoting the number of resonances 
available) of the filter is denoted 'n' in 
the chart. A typical roll-off rate is 20 
n dB/decade so a fourth-order 
Butterworth response filter (which can 
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be realised by either passive or active 
methods) will attenuate at around 80 
dB/decade. 

Whereas the pass-band response is 
reasonably constant, the rate of 
roll-off is not as good as can be 
obtained if the resonating sections are 
staggered differently. Other criteria of 
staggering the resonances can provide 
higher roll-off rates but only by 
introducing "ripples" in the pass-band 
response. When these individual ripples 
have equal amplitude across the 
pass-band response Chebyshev 
polynomials describe the shape, thus 
giving the name to an alternative 
response situation. As with 
Butterworth designs the higher the 
order the better the roll-off rate as can 
be seen diagrammatically in Fig. 18. 
The depth of ripple that can be 
tolerated also influences the roll-off 
rate — the smaller the variation that 
can be allowed the less the roll-off 
rate. (This can be readily seen by 
sketching in the required number of 



TIME 


Fig.21. Multi pole filters 
resonate with transient 
excitation. 


ripples of given depth at the 
appropriate scale). 

Normally Butterworth or Chebyshev 
response filters will be of order 1 to 4 
but higher orders are possible. These 
two forms are not the only 
sophisticated filter responses available: 
other mathematical criteria could be 
used to set up workable mathematical 
equations for designing other 
networks. These two will, however, 
meet most demands required and all 
filter design, as we have seen, is 
dominated by need to compromise 
between what is needed and what can 
be handled mathematically. 

PHASE SHIFT AND DELAY 
FILTERS 

These act to provide a phase shift to 
a signal without selectively attenuating 
the frequency content. They are 
sometimes called all-pass filters. The 
amount of phase shift of practical 
circuits, however, usually varies with 
the frequency of the signal even 


though the amplitude response is 
invariant. Constant time-delay or 
linear-phase filters have a reasonably 
straight (linear) phase response as 
shown in Fig. 19. The so-called Bessel 
filter approximates this response using 
a workable mathematical formulation. 
Fig. 20 gives the general configuration 
of such a method realised as an active 
filter design. 

COMPONENTS TO USE 

Resistors - In non critical 
applications the normal 20% tolerance 
carbon composition resistor may be 
acceptable. If tighter filter 
characteristics are needed then one 
must resort to more expensive resistors 
such as 5% or closer tolerance carbon 
composition. Even better, use 
metal-film or wirewound types. It is 
sometimes permissible to hand choose 
values from wide tolerance groups in 
order to produce specific values, but it 
must not be forgotten that wide 
tolerance resistors often lack the same 
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Fig.22. Schematic circuits used in examples. 
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degree of time and temperature 
stability as the more expensive types. 

Capacitors — Ceramic disk capacitors 
can be employed but they are best 
avoided. Nylon film, polystyrene and 
Teflon capacitors are much the better 
to use. When especially long-period 
filters are needed the capacitance value 
will be large. In such cases the leakage 
current due to losses in the dielectric is 
extremely critical and this rules out, in 
the majority of cases, using 
electrolytics. 

Op-amp — It is easy to assume all 
op-amps will provide good active 
filters but this is not so. The main 
factor is a low offset current, this 
being especially important in 
long-period filters. As a general rule 
the more critical the need the better 
the op-amp should be. When op-amp 
filters also add gain they should have 
an open-loop gain at least 50 times the 
filter gain. Many active-filter design 
procedures enumerate the 
requirements of the op-amp. 

RESPONSE TO TRANSIENTS 

Filters of second order and higher 
invoke the characteristics of resonating 
circuits for their operation. In passive 
filters we can readily identify the 
inductance and capacitance; in active 
circuits these may not be so obvious, 
the mathematical expression showing 
that resonances do occur. 

When a step change in signal is 
applied to a resonant circuit, the 
circuit 'rings', that is, the output rises 
rapidly but then oscillates with 
decreasing amplitude to the final value 
as indicated in Fig. 21. The extent to 
which a resonant circuit rings is 
decided by the damping provided — 
the higher the Q of the resonant 
configuration the greater the ringing 
effect. 

It is not hard to see that higher order 
filters, therefore, will tend to ring 
more than the lower order designs 
when transient signals appear at their 
input terminals. Transients occur in 
practice as noise spikes, switching 
spikes, sudden signal appearance and 
departure. 

THE S-PLANE, POLES AND ZEROS 
(For the advanced reader) 

S-Notation 

The above study of filters can only 
act as a guide to filter selection. From 
there one must turn to the many 
articles and books available for details. 
To make good use of such material it 
is necessary to have a basic 
understanding of the mathematical 
methods used. This section is given to 
assist the more advanced reader. It is 
possible to get by without this 
information, provided a suitable 
configuration and design procedure 
can be located. Therefore do not be 



i-12 

r —j3 


Fig.24. Complex numbers are 
plotted on the s-plane. 


6 - 


Fig.25. Poles and zeros plotted 
on s-plane for example given 


concerned if you are unable to 
understand this section. 

Scanning through even basic, 
well-organised books on filter (and 
feedback amplifier design) the terms 
transfer function, s-plane, poles, zeros 
and root-locus will be encountered. 
Sadly, most books omit to provide the 
background explaining what this is all 
about. The concepts are not difficult 
to grasp, any confusion arising almost 
certainly from the number of 
synonomous terms used and the fact 
that the concepts are, perhaps, quite 
alien to begin with. 

We have seen how reactive elements 
(capacitance and inductance) have 
apparent resistances of 2 wfL tor 
inductance and 1/2 7TFC for 
capacitance. These terms, however, do 
not provide information about the 
phase changes produced with these 
reactance elements. 

Electronic circuit designers use the 
operator symbol j (mathematicians use 
i) to denote a phase change of 90° 
hence, j2 7rf L represents both the 
reactance value and the phase cnange. 
Furthermore j = V —1. For capacitive 
reactance the complete notation is 
—j27T Fc, as the capacitor introduces a 
90° phase shift of opposite sign to 
inductance. Resistance, having no 
phase shift, nor being frequency 
dependent is merely R. We can be a 
little more basic still and use to instead 
of 27rf, to is the angular frequency 
being expressed in radians • sec -1 . 
(There are 27r radians in one cycle). 


When reactance and resistance are 
mixed we represent the value as a 
complex number as, for example, R + 
jcoL. The left-hand part is known as 
the Real part, the other (that after j) 
the Imaginary part, the whole forming 
what is called a complex number. 

Where the circuit element is only 
reactive the complex number 
representing the impedance reduces to 
jcoL or — jcoC for which the symbol 's' 
is used instead of jco. (In some books 
'p' is used instead of 's'). A trap can 
occur here for the —j of —jcoC 
indicates a 180° phase shift over j, not 
a negative quantity in the normal way. 
To avoid confusion we rewrite —jcoC 
as 1/ja>C (which is valid — it comes 
from multiplying both numerator and 
denominator — jtoC by j. Hence we 
obtain sL and 1/sC as the shorthand 
way of writing inductive and 
capacitive reactance in which 
frequency dependency and phase 
information are both retained. 

Once these terms and concepts are 
mastered it becomes much more 
straightforward to write down the 
transfer function for a frequency 
dependent network. For example, 
consider finding the impedance 
presented by a series, lossless, resonant 
circuit shown in Fig. 22a. 


Z = sL 


1/sC = 


L(s 2 + 1/LC) 


(The individual components of the 
expression are put on a common 
denominator, dividing out to get the 
s 2 terms with unity coefficients). 

For the series resonant lossy circuit 
of Fig. 23b. 


Z = sL + 1/sC + R = 


s 2 + R/L-s + 1/LC 
s- 1/L 
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Again, for the parallel L and R 
circuit of Fig. 22c. 


1/Z = 1/sL+ 1/R from which 

z=—5^- 


lt is these forms of expression that 
are quoted in circuit design books. The 
form of expression is not restricted to 
two terminal networks - it applies for 
all frequency dependent reactive 
networks. Fig. 23 gives the circuit of a 
low-pass multiple feedback active filter 
along with its derived transfer function 
expressed in ‘s' notation form. 

As these complex numbers possess 
two parts we must use a two-axis 
graph to represent them in which the 
two axes are mutually perpendicular. 
Thus complex-number quantities need 
a plane rather than a line to depict a 
unique number. This plane is known as 
the s-plane (see Fig. 24). The two axes 
are usually labelled Re, R or a for the 
Real axis and lm, I or jco for the 
Imaginary axis, each pair being used 
respectively. 


POLES AND ZEROS 

We have seen above how a network 
of passive elements (active designs also 
apply) produces a mathematical 
expression in terms of s notation. As s 
merely represents jco and j denotes 
only phase information we can, 
whenever s appears, substitute u> (or 
27T f) to see how the expression varies 
in magnitude with varying frequency. 

Consider the case where a function is 
given by the numerical example: 


(s+.D (s + 2 + jl) (s + 2 — j 1) 
s 3 (s + 3) (s + 5) 

When s = -1, -2 -jl or -2 + jl, the 
numerator becomes zero for one of 
the bracketed terms becomes zero. 
Hence at each of these frequency 
values the expression becomes zero. 
We say it has 'zeros' at these points. 
Zeros also exist when the singular s 
term goes to infinity in the 
denominator. When s = 0 (three times, 
as it is from s 3 = s.s.s.), -3 or -5, we 
get the reverse situation for at all of 
these values of cj the denominator 
goes to zero making the function rise 
to infinity. These frequency points are 
called 'poles'. 

Thus the poles and zeros express the 
peaks and hollows of the function. 
The position of these can be plotted 
on the s-plane diagram as shown in 
Fig. 25. 0 is used for zeros, a cross X 
for poles. In realisable networks there 
must be as many poles as zeros — 
including those at zero and infinity. 

Another way to imagine the network 
characteristic is to draw a 
topographical representation giving 
relative height to poles and zeros on 
the s-plane placed horizontally as 
shown by the example of Fig. 26. This 
makes the terms poles and zeros more 
meaningful in a physical sense. 

In the numerical example we 
avoided, in that case, using a quadratic 
or higher order term such as s 2 + 4s + 
5. When these are encountered they 
must be factorized by finding the 


roots of the expression — giving the 
two terms s + (2 + jl) and s + (2 - jl) 
in this case. These are the individual 
roots, i.e., poles and zeros, of the 
expression. Note that quadratic 
elements involving an Imaginary part 
form mirror image pole or zero pairs — 
called a conjugate pair. If these are 
lossless (no Real part) they lie v on the 
imaginary axis, if lossy (with Real 
part) they will be displaced out into 
the s-plane depending upon the 
resistive value. Positive values of 
resistance result in displacement into 
the left-hand plane, negative resistance 
gives poles or zeros in the right-hand 
plane, these halves being denoted LHP 
and RHP respectively. 

Mathematics of complex numbers 
show that resonant systems with roots 
lying in the LHP are stable systems, 
their oscillations die down because to 
be in the LHP they must contain 
resistive damping. If the roots lie on 
the Imaginary axis itself the system is 
marginally stable — transients will 
undoubtedly create unstable situations 
at times even though the system is not 
absolutely unstable. Note that this 
situation only arises if the resistive 
component occurs as negative 
resistance — oscillators create this 
condition by the use of an active 
element. 

ROOT LOCUS 

When considering the behaviour of 
feedback systems, such as amplifiers, 
controllers and active filters, it is 
highly valuable to plot the changes in 
position on the s-plane of the 
closed-loop poles of the system 
transfer function as the open-loop gain 
changes. The path traced by the 
movement of the poles in this way is 
called the root-locus. These are often 
referred to in amplifier and other 
feedback-mechanism designs and it is, 
therefore, helpful to at least appreciate 
what they are. It is, however, not a 
simple matter to produce them from 
an original expression; lots of 
experience is vital. 

By way of example the root-locus for 
a relatively simple transfer function is 
given in Fig. 27. This tells us that an 
open-loop gain in excess of 48 places 
some of its poles in the RHP 
establishing an unstable situation. The 
value of the root-locus is that we can 
"see" the behaviour of the system as 
the gain is increased and, more 
importantly, what we should do to the 
position of the poles most influencing 
an unstable situation. By altering the 
transfer function we can place the 
locus in more favourable situations. 
This is done by altering original 
component values where possible or 
by adding other networks that reduce 
the effect of the dominant poles — 
those lying close to the RHP. 
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Introducing 

21 

digital systems 


WE BEGAN this course with a 
discussion of electronic systems in 
general; what they do, how they do it 
and how we can progressively break 
down a complex system into 
fundamental building blocks. The 
example chosen then, a TV system* uses, 
in the main analogue signals. These we 
know from other parts of the series are 
those signals that contain information 
in the form of many continuously 
changing levels of an electrical voltage 
(or current). 

Although we have already 
introduced the concept of the on-off, 
or digital kind of signal, the course so 
far has concentrated almost entirely 
on the linear, analogue circuits used in 
electronic systems. The time has now 
come to study an alternative 
philosophy and practice, by which 
tasks can be accomplished in another 
manner - the digital electronic 
approach. 

DIGITAL OR ANALOGUE 
SIGNAL APPROACH? 

By itself a purely electronic system 
has no real value until it is applied to 
the real world we exist in. At the input 
of a system physical variables are 
measured by sensors that convert the 
information, from the original form of 
energy, into an electrical signal. This 


electrical-input signal is then 
conveyed, through the system being 
modified, and converted in different 
ways as required. The output signal 
from the system is fed to actuators 
which convert this signal back to 
real-world variables at the output. It is 
the differences between two basic 
means of transmitting and converting 
information that we are concerned 
with now. 

We have seen in the earlier part 
dealing with information that both 
analogue and digital signals can convey 
the same information between two 
points. It is a matter of how the 
information is coded on the signal. It 
is not possible to state categorically 
that one signal form is better than the 
other/ Each has its advantages 
depending upon the application. 
Analogue systems can process the 
same information using far less 
components, than their digital 
counterparts, but they are unable to 
provide anywhere near the sjme 
ultimate accuracy, precision and 
long-term stability. In some uses, such 
as precise mathematical computation, 
digital techniques are a must. The 
same holds true for measuring 
equipment needing better than around 
1 percent, or perhaps 0.1 percent, 
accuracy. 


SELECT RANGE 



DISPLAY METER 


Fig. 1. Schematic representation of analogue multimeter system. 



Fig. 2. Digital multimeters contain black boxes that operate with digital rather than 
analogue signals. 


Other factors that decide the choice 
of signal form are the cost of 
components needed, the size of 
equipment and power supply 
demands. Today, the enormously 
large-volume production of digital 
circuits, especially when marketed as 
large-scale integrated systems, coupled 
with the tremendous effort that has 
been expended on digital techniques 
for computing markets, has now 
tipped the balance heavily in favour of 
using digital methods. This is now true 
even for what have traditionally been 
analogue applications. It may well now 
be cheaper to use a mass-produced 
digital assembly for a more unusual 
analogue requirement, even when 
analogue circuits could easily supply 
the need. 

Take, for example, the choice 
confronted when purchasing a good 
quality multimeter. The traditional 
multimeter can be represented as a 
resistive network driving a display 
meter — see Fig. 1. The signal level can 
be ascertained by the degree of pointer 
deflection seen on the meter. High 
input impedance units incorporate a 
linear amplifier to buffer the signal 
source against a relatively low- 
impedance meter movement. Apart 
from the selector switch which has 
discrete settings, all components work 
with analogue signals and this means 
they must be linear in operation and 
adequately stable with time. Some 
components — the ballast and shunt 
resistors, for instance — must be made 
to tolerances that require expensive 
hand-made manufacture. We can 
summarize the situation as one where 
only a few components are needed but 
they are inherently expensive. 

The alternative is to use a special 
circuit that we will discuss in detail in 
a later part. This is called an 
analogue-to-digital converter (or just 
A-to-D converter). As represented in 
the schematic of a digital multimeter 
given in Fig. 2, it converts the 
analogue input level into a digital 
signal form that is then used to drive a 
digital readout display. These units 
display the output value as a decimal 
number rather than as the position of 
a pointer as is used in totally analogue 
systems. We will see, as we delve more 
deeply into how such a system works, 
that the digital alternative uses literally 
dozens of active elements and many 
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CONTACTS REMAIN 
CLOSED FOR THIS 
POSITION TOLERANCE 


T 


ELECTROMAGNET 
PROVIDES MOVEMENT 
UPWARD TO CLOSE 
CONTACTS 


CLOSED STATE OF 
NORMALLY-OPEN 
CONTACTS 




OPEN STATE 
TOLERANCE 

nn ^ 


1 


FORCE REMOVED 


OPEN STATE OF 
NORMALLY OPEN 
CONTACTS 


Fig. 3. Mechanical switches 
are designed to allow con¬ 
siderable Iattitude in the 
open and dosed contact 
positions, thus ensuring 
reliability. Electro¬ 
mechanical switches come 
in many shapes and sizes. 



many more passive components than 
an analogue type of multimeter. Yet, 
today, there is little difference in the 
cost of either alternative for the same 
accuracy. The digital scheme, however, 
can be made considerably smaller, may 
be made more accurate, uses no more 
power and may even have circuitry 
that automatically selects the most 
appropriate range for itself. 

Another example is found in 
computing. We have seen how 
operational amplifiers - those that 
perform linear arithmetic inherently - 
can be used to solve equations and do 
complicated arithmetical operations in 
what are called analogue computers. 
These can provide extremely powerful 
solutions of mathematical problems 
for quite small outlays. But only if the 
problem does not require high- 
accuracy - then digital computation is 
needed. Another instance where digital 
method is a must is when the problem 
involves logical type operations where 
yes-no decisions are needed. Digital 
computers can sort information into 
groups and decide which way to 
proceed at a decision junction. This 
will become clearer when we discuss 
the mathematics of logic which is 
quite unlike normal algebra. 

As with the multimeter example, 
digital computers also involve many 
more components than the analogue 
units that would perform similar tasks. 


Yet, somewhat strangely, they can be 
far less expensive, much more accurate 
and more reliable. Undoubtedly the 
trend in electronic systems is toward 
more use of digital solutions - but this 
does not mean that analogue systems 
have no place in electronics. 

One dominant reason why digital 
systems can be so reliable and positive 
to design is that the signal operations 
involve switching rather than 
continuous-mode action. We, there¬ 
fore, begin our study of digital systems 
by looking at the design merits of 
various switching devices, starting with 
the mechanical kind. 

MECHANICAL SWITCHES 

The ON-OFF switch has only to 
define two states of circuit operation 
and hence the tolerances associated 



v in ' s v ou , 
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Fig. 4. Switches can SCHEMATIC 

handle large power signals |a v s 

with little loss (a) open , , 

(b) dosed. i * 
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with each state can be very wide. 
Consider the basic mechanical switch 
having two contacts as shown in Fig. 
3. When the contacts are disengaged it 
matters little how much further the 
designer separates them; the further 
they separate the less the chance of a 
spurious make-condition occurring. 
Conversely, when closed the spring 
action will ensure contact over a wide 
range of relative positions. The harder 
the two contacts are pressed together 
the better the reliability, but there will 
be negligible electrical change in the 
circuit-made state. 

Continuing with the mechanical 
switch example we can also easily see 
that a switch with heavily 
over-travelled contact pressure or 
excessive opened distances will be slow 
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SWITCHED 

CIRCUIT 


ACTUATION | 
MECHANISM 

NO ELECTRICAL 
CONNECTION EXISTS 

(a) ISOLATED SWITCHING 


(b) 


CONNECTION EXISTS 
NON ISOLATED SWITCHING 


Fig. 5. Unlike electro mechanical switches, most solid-state electronic switches do not 
provide idea / isolation between the actuating signal source and the controlled source. 


to change to the opposite mode 
because greater force, or more travel, 
is needed to effect the change. 

Another feature of the two-state 
switching circuit is that the switch's 
power rating can be very small 
compared with the load power being 
controlled. This arises because in each 
of the two states the switch has only 
to dissipate very small power losses. 
When open, see Fig. 4(a), the voltage 
across the switch is maximum but the 
current minimum. The power rating 
needed of the switch (neglecting arcing 
effects in this case) whilst open is, 
therefore, the product Vs.ls, and this 
is always very small, for only leakage 
currents flow when the switch is open. 
When closed, the situation is reversed; 
the current is now of the maximum 
value but the voltage drop is merely 
that due to resistive losses in the made 
contact (Which can be very small). In 
practice the change of state from one 
condition to the other is so rapid that 
we can consider the switch as only 
ever being in the fully-off or fully-on 
case. This low-loss feature is used to 
effect in power-supply switching 
regulators where the "made" to 
"not-made" times of a vibrating 
contact are varied to pass the required 
amount of average power. 

SOLID-STATE SWITCHES 

Originally digital circuits did indeed 
use electro-mechanical switches; the 
relay as we know it. These are still 
used in some circumstances today but 
their size, cost, slowness of switching 
and possible unreliability now make 
them a poor choice, for logic 
applications, compared with solid-state 
switching alternatives. 

A switch by definition, is a device 
that provides either a satisfactorily 
high or low resistance between two 
points, with the state being rapidly 
reversed by an external control input. 
It dan be used in series or shunt to 
effect control. The degree of isolation 
provided is decided by the open-state 
resistance; the power rating is decided 


by the made-state switch resistance. 
What is high or low is purely relative, 
depending upon the impedances of the 
circuit elements connected to the 
switch. A perfect switch provides 
infinite open-circuit resistance and 
zero closed-circuit resistance. Typical 
resistances encountered in a small 
relay are from many megohms 
(contacts open) down to mere 
milliohms (contacts closed) thus giving 
excellent switching characteristics. 
Solid-state switches normally do not 
provide such large resistance ratios 
(some special devices come close) 
giving around a megohm to a hundred 
ohms change which is adequate for 
most logical tasks performed by digital 
systems. 

Another disadvantage of most 
solid-state switches is that, as we will 
see below, the circuit connected to the 
switching part of the solid-state switch 
is not completely isolated from the 
circuit actuating the switch mechan¬ 
ism. This concept is shown in Fig. 5. 
At times this is most inconvenient and 


ATING W, I I SWITCH 
r ▼ *-*- | I SIGNAL 


LIGHT EMITTING 
DIODE (LED) 


PHOTOSENSITIVE 
SILICON DETECTOR 
(BANDWIDTH 20MHz) 


Fig. 6. Opto-electronic switches such as 
HP5082 series can provide a very dose 
approximation to the low-power mechanical 
switch and are much faster in operation. 



Fig. 7. Diode wired to provide switching 
action between input and output. 


the development of workable 
solid-state switching systems has been 
influenced by the need to make-do 
with this shortcoming. A relatively 
recent newcomer to the solid-state 
switch, which overcomes the last 
disadvantage, is the solid-state 
opto-electronic isolator, shown in Fig. 
6. This uses the actuating input to 
energise a solid-state light-emitting 
diode (LED); this, in turn, reduces the 
resistance of a light sensitive detector 
that acts as the 'contact'. This device is 
used in a minority of switching 
operations involved in digital circuitry 
where extremely high isolation is 
required between the switching and 
the switched circuits. 

The two most commonly used 
solid-state switching techniques are 
those using two-terminal diode designs 
and three-terminal active element 
designs based on devices such as the 
transistor and other solid-state 
amplifying devices. 

Let us first look at a diode wired to 
provide a switching function. In Fig. 7 
a diode is connected to a bias supply V 
and to the input as shown. When the 
input voltage Vin is more negative that 
the bias voltage V the diode is 
forward-biased providing a quite low 
resistance path between the input and 
the output terminals. In this state 
Vout will be closely equal to Vin. If 
the bias voltage (or the input voltage) 
are changed to make Vin more positive 
than V the diode becomes 
reverse-biased placing a high- 
resistance between input and output. 
Thus, by changing V from positive to 
negative we have produced a switching 
action between input and output 
terminals. 

A similar action is provided if the 
diode is wired in shunt across the line 
rather than in series as shown in Fig. 8. 
The state of V decides whether the 
diode shunts the line (when forward 
biased) or not (when reverse-biased). 

In either design it is important that 
the diode resistances in the two states, 
the output impedance (R$) of the 
preceding stage connected to the 
input, the load impedance (Rl) 
connected to the output and the 
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bias-resistor value (R) are all chosen to 
have the right ratios in the two 
switching states. Adequate switching 
action will not result if the bias input 
is allowed to dominate the values 
being switched. 

It is important that the bias voltage 
actually developed across the diode is 
sufficient to produce a diode 
forward-current greater than a value 
around the knee of the If against Vf 
characteristic — see Fig. 9. For a 
silicon diode this requires at least 
700mV, a germanium diode at least 
350mV: these values vary little with 
make or shape of particular device, 
being a parameter of- the 
semiconductor material itself. Note 
how a quite large change in forward 
current hardly changes the dynamic 
resistance once the knee is passed. 
(Dynamic resistance is the slope of the 
characteristic which is reasonably 
constant beyond the knee). This 
reliable and constant loss switching 
(but not zero-loss) results over a very 
wide range of bias current conditions. 

In its reverse-biased state the diode 
provides a larger resistance. Fig. 9 
shows that germanium diodes do not 
provide as high an 'open' resistance as 
do silicon diodes — this is because the 
slope of the germanium characteristic 
is not as horizontal as that of silicon. 
Nevertheless both slopes represent 
hjgher resistance than in the 1 
forward-biased case, proving that 
resistance of the diode changes 
markedly. Again, we see that both 
reverse-biased curves are closely linear 
meaning constant resistance or, in 
other words, constant "open circuit" 
switch resistance. 

When selecting the value of 
switching bias tq apply it can be seen 
from Fig. 9 that too high a value for 
silicon devices will cause breakdown at 
the zener point, providing instead, a 
made-state that could cause total 
failure of the device. 


The speed at which diodes can 
switch is a function of circuit values 
and the characteristics of the diode. It 
is routine practice with diodes to 
switch at tens of megahertz rates or 
higher. Mechanical switches are limited 
to less than 1 kHz at the very best. 

Later in the course we will see how 
these basic diode switches can be used 
to perform logical operations by 
connecting more than one diode to the 
same bias source. Such connections are 
called gates. 

Now to the use of three-terminal 
devices, transistors for instance, as 
switches rather than as linear 
amplifiers. This can be explained using 
the l c versus E c characteristics of a 
typical transistor, as is given in Fig. TO. 
The two switching states occur when 
lb is either large or small. A chosen 
collector resistance value (in common 
emitter configuration) establishes the 
load-line on the characteristic. In a 
switching-mode the transistor operates 
around points A or B. At A, lb is large; 
the transistor is, therefore, switched 
on with Vqf being very close to zero 
volts. At B lb is small (practical 


circuits may apply a reverse polarity to 
ensure this); the transistor is switched 
off with Vce being virtually at the 
supply voltage. In the on-stage the 
transistor provides a low-resistance 
path between its collector and emitter: 
when off, a high-resistance path. 

The transistor switch, unlike 
non-amplifying diodes and mechanical 
contacts, does not directly pass the 
input signal but instead replicates a 
signal current in its base by providing 
an equivalent change in collector 
current or voltage. In reality a large 
proportion of digital circuits 
regenerate in this way with the output 
signal change closely following that of 
the input. 

At either of the circuit operating 
points A or B the transistor is operated 
well within its allowable power 
dissipation. As we should expect, a 
given transistor used in a switching 
mode can handle a greater power than 
if operated as a linear amplifier. A 
little thought will also show that the 
load line can, in switching use, 
intercept the maximum dissipation 
curve, the reason being that the 
transistor does not dwell long enough 
in states other than A or B to produce 
deleterious heating. It is vital, however, 
in such designs to ensure that the 
switching action is rapid between 
states, and that the device never dwells 
on the way through. A ramp input 
signal may well destroy a stage 
designed to switch! 

The above explanation is most basic 
— reality requires other criteria to be 
recognised to obtain more ideal 
switching. Like the over-travelled 
mechanical switch, a transistor switch 
with too much reverse-bias base 
current (off-state) or too much on 
state base current will be slower 
to operate than one not driven so hard. 
This is because the charge associated 
with the base current must be removed 
to alter the state and the more the 
charge there is to move, the slower will 




Fig. 10. In the switching mode the transistor is operated at either end of the chosen toad 
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value capacitor placed across the 
resistor feeding the input of the 
switching stage. When fast switching 
signals occur the capacitor provides a 
low impedance path around the 
resistor which must be of a reasonably 
high value to supply correct do signal 
level requirements. Vet another 
technique is to use feedback between 
the collector and the base to speed up 
the switching transition yet hold the 
stage in a non-saturated state once 
switched. Fig. 11 is a non-saturating 
switch circuit — one of many 
possibilities. It shows how the basic 
transistor needs the addition of more 
components to realise fast switching in 
discrete designs. 

The integrated-circuit revolution 
has provided us with inexpensive, 
ready-made digital circuits of great 
sophistication. These are extremely 
basic yet super fast — see Fig. 12. 
Rarely does one now have to consider 
the in-depth design of switching 
circuits. The task is usually one of 
devising a system using a few basic, 
digital system building blocks which 
have been so developed as to facilitate 
their ease of connection into systems. 

The reliability of the switching 
state of an electronic circuit is one 
reason for the widespread use of 
digital techniques. There is another 
equally important reason for the use 
of digital signals and that is that 
philosophers and mathematicians of 
the past have developed powerful ways 
to process logical information by way 
of special algebra and techniques. This 
is employed to design complicated 
switching circuits and other digital 
systems with the simplest possible 
circuitry. In the next part we look at 
these philosophical concepts in 
readiness to return to a discussion of 
the basic, digital-system building 
blocks. 
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Fig. 11. High-speed switches 
are designed to remain non- 
saturated. This circuit em¬ 
ploys feedback D1 with D2 
providing a voltage supply 
needed. The speed-up 
capacitor is C. Diode D3 
assists reduce the delay 


be the switching time. Solid-state 
switches operated very positively by 
use of large drive currents are said to 
be working in a saturated state. 

Certain circuit devices can be added 
to the basic solid-state switch to speed 
up the response. The first is to supply 
a much larger input signal than would 


be needed to just turn it on. This 
speeds up the charge movement but 
would take the device into deep 
saturation unless clamps are added 
that hold the circuit nodes at given 
values. Diodes acting as switches are 
often used to hold a point at a given 
voltage. A second circuit addition is 
the speed-up capacitor. This is a small 



Fig. 12. Transistor-transistor logic, 
TTL is a commonly accepted in¬ 
tegrated circuit manufacturing 
method. This gate combines up 
to three inputs switching with a 
delay of only 10 ns. The whole 
circuit is integrated on a common 
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The algebra 

22 

of logic 


MATHEMATICS is a kind of 
shorthand language which enables us 
to present a physical process, on 
paper, with symbols which may be 
manipulated in order to gain a better 
understanding of the process. It is thus 
a tool which aids understanding. 

The familiar kind of algebra which 
relates two variables, x and y, in 
' combinations such as x+y, x—y, x.y, 
x/y, x y and others is a linear process 
because the two variables can hold any 
value. It is this kind of algebra that is 
performed by analogue operational 
amplifiers. 

However, if x and y can only have 
two possible states, such as a voltage 
which is there or not there, we can 
ignore the actual value of the voltage 
(or whatever) and regard the variables 
as behaving according to a two-state or 
binary number system. Just what the 
two states are is of no importance 
whatsoever - they can be high or low, 
positive or negative, there or not there 
and even true or false. 

A mathematical algebra has been 
developed to cope with such binary 
systems. It -is known as Boolean 
algebra — the algebra of logic, and it's 
rules are somewhat different to those 
of linear algebra. Before delving into 
the operation of Boolean algebra, it is 
worth tracing it's historical develop¬ 
ment. 

HISTORY OF SWITCHING 
MATHEMATICS 

Philosophers, those people who 
apply special skills to resolving 
paradoxes by the use of logic, have 
existed since the earliest civilisations. 
The Ancient Greeks were so impressed 
with logic that they wrote plays 
around Aristotle's formally arranged 
rules of logical deduction. The rules 
for this process of reasoning were 
handed down, largely by word of 
mouth, through the Dark Ages, with 
little, if any, recognition of their value 
for logic in computation. It was not 
until the early 19th century that the 
use of logical rules in calculation was 
established. This work was very much 
the result of George Boole's 1854 work 
(see Fig. 1) entitled "An Investigation 
of the Laws of Thought on which are 
founded the Mathematical Theories of 
Logic and Probabilities", Augustus de 
Morgan, a contemporary, also 


contributed to the first systematic 
arrangement of Aristotle's logic. 

Boole took the concepts further 
than the Ancients by substituting 
mathematical symbols in place of the 
basic logical situations. This symbolic 
logic became known as Boolean 
algebra. 

Little was achieved with Boole's 
work for the next few decades. The 
first machine to utilize his algebra to 
solve logic problems, faster than by 
hand, was William Jevons' logical 
piano of 1869. Boole's contribution, 
however, had to wait until the early 
20th Century to find extensive 
application. One by one, logicians 
advanced the techniques of logical 
algebra: Pierce, Venn, Dodgson, 

Marquand, Pastore, Bollee. The 
"Principia Mathematica" of Whitehead 
and Russell (1910-1913) and the 
Hilbert and Ackermann work "Math¬ 
ematical Logic" (1928) were further 



Fig. 1. In 1854 George Boole, an English 
logician, showed how ordinary algebra 
could be applied to logic situations. 


milestones in digital computer 
realisation. 

Shannon's 1938 paper "A Symbolic 
Analysis of Relay and Switching 
Circuits" was a paper of very practical 
relevance for it described how to put 
Boole's rather abstract logical albegra 
to work in engineering and computer 
design. But this was not the first 
recorded use of electrical logic circuits. 
In a letter Charles S. Peirce wrqte to 
his former student, Marquand, around 
1890 he expressed, in the words and 
circuit diagrams shown in Fig. 2, that 
logical algebra could be performed 
with three switches in parallel or in 
series, also stating that he felt 
electricity to be one of the best ways 
to implement logical equipment. 

Later theoretical studies con¬ 
centrated on ways to ensure that 
switching networks contained no more 
switch contacts than were absolutely 
necessary. Unnecessary contacts can 
easily be unwittingly designed into 
complex switching networks - the 
"spares" are called redundant 
switches. Shannon, in his M.Sc. thesis 
(Fig. 3) prepared at the famous 
Massachusetts Institute of Technology, 
realised ways to systematically set 
about analysing a given switching 
network in order to reduce the 
contact requirements to a minimum. 
Thus it was realized in the early 1940's 
that really powerful digital computers 
could be built using entirely electronic 
components. 

Later in the course we will be 
dealing specifically with computer 
systems. They are, however, but a part 
of the total use of digital electronic 
methods — digital electronics finds use 
in an ever' increasing number of 
instruments and devices. 

BASIC LOGIC GATES 

A quite satisfactory way to begin to 
comprehend basic switching algebra is 
to think in terms of mechanical switch 
contacts arranged in various differed! 
configurations. That we draw them 
and consider them as mechanical 
contacts that are either open or closed, 
does not imply that the contacts 
necessarily need to be mechanical — 
they are, today, more often than not 
the solid-state switches we discussed in 
the last part. 

Groups of switches combining 
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A/g.2. 77>e f/'rst known 
description of electrical 
switching carrying out logic 
is in this letter of C.S. Peirce 
written around 1880. 


digital signal levels are known as gates. 
We begin by considering the simplest 
possibilities where there are just two 
contacts to build with. 

They can be placed in series or 
in parallel, as shown in Fig.4. In each 
case different conditions exist between 
the transmission made through them 
for the two positions of each of the 
switches. We denote the switch inputs 
as A and as B (and C,D, etc., if more 
are involved) and the transmission as 
Z, thus using mathematical symbols to 
represent a physical situation. Imagine 
that the switches are wired in series 
with a lamp: when a circuit is made 
the lamp lights. 

In the series case we need switch A 
and switch B to be made to obtain a 
transmission function Z. In the parallel 



case either switch A or switch B will 
provide transmission. 

The AND and OR are basic logical 
functions. They need not necessarily 
be used only to describe electrical 
circuitry. They did, in fact, as we have 
seen, arise originally from phil¬ 
osophical study of truths and falsities. 

Note that switch contacts are 
always shown in their non-actuated 
condition and this brings us to another 
basic gate function which can be 
realised using only one switch. If, as 
shown in Fig. 5, the switch A is 
actuated, Z is NOT enabled. If A is not 
actuated Z is enabled. A single switch, 
therefore, can provide a NOT function 
if its contacts are closed in the 
non-actuated state. 

Attempts to explain switching 
circuit action in words, as above, only 
applies for the simplest of situations. 
The descriptive method becomes 
prohibitive when, say, we have two 
switches in series, in series with two 
switches in parallel, as shown in Fig. 6. 
Describing the action of all possible 
switch combinations on the lamp Z 
using words, is an inadequate way with 



Fig.3. Claude Shannon published details 
of "modern" digital computing design in 
1937. 


which to communicate the idea. And 
few digital systems are that easy: 

many contain literally thousands of 
AND, OR and NOT gates. 

We designate an OR function by 
means of the '+' symbol. This does not 
mean the same as our normal 
understanding of addition. When 
applied to decimal numbers it means 
addition as we normally understand it. 
With binary numbers, however, it has a 
different meaning and still another 
meaning when designating an OR 
function. For example:- 

In decimal addition 1+1=2 
binary addition 1+1 = 10 

OR addition . 1+1=1 

In Boolean algebra the OR meaning 
of addition is the one that applies. 
Thus A+B=Z means that A OR B 
switch closed will produce a 
transmission Z. 

We designate an AND function with" 
a dot. The dot means logical 
multiplication and is not to be 
confused with normal multiplication. 
However the truth tables for AND 
multiplication and normal multi¬ 
plication are the same. Thus when we 
give the Boolean equation A.B=Z we 
mean that if switch A and switch B are 
both closed there will be a 
transmission Z. 

The NOT function is designated as 
a line over the _switches algebraic 
symbol giving Z = A to mean Z is NOT 
transmitted when A is actuated. 

Each of these functions have a 



Fig.4. Two contacts wired in series or in 
parallel provide the basic logic functions 
of AND and OR. 



Z = A.B. (C+D) 

Fig.6. More complex switching functions 
are best described in terms of logic algebra 
than by words. 
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symbolic representation as black-boxes 
with inputs that act in certain ways to 
give the output. The shape of the box 
(or the designation within a square 
box) tells the viewer the function of 
the box. 

Unfortunately there still exists 
more than one conventional way to 
draw these symbols. For this course 
we will use those given in Fig. 7, which 
are also those used in projects in 
Electronics Today. 

The NOT function bar can be 
applied to any function to signify that 
it is negated. For insta nce, a n OR such 
as A+B-Z becomes A+B which is 
calle d a NOR function. Similarly so 
A.B is a NAND function. 

The OR, AND, NOR and NAND 
functions can each have more than 
two inputs, for example, A+B+C+D=Z. 
When a function is negated its 
graphical symbol is also altered in 
some way to signify this. The 
convention used is the convention of 
the addition of a small round circle. If 
the circle is at the output the output is 
negated; if at the input the inputs are 
negated. The inverter (that provides 


negation) is basically an amplifier 
providing 180° phase shift so its 
symbol is that of an amplifier with the 
circle added. 

TRUTH TABLES 

Before we discuss more complex 
gate networks by studying their 
inter-connection, we need to under¬ 
stand the concept of a truth table. 
This is a simply drawn table that lists 
the output state for the various 
combinations of input states. 

Rather than write on and off, or 
high and low, true or false, it is simpler 
to express the two states merely as '0' 
and '1'. The positive logic convention 
considers a high-voltage level as a 'V 
and the low level as a 'O'. Fortunately, 
today, just about all logic circuits used 
are now in integrated circuit form and 
they nearly all work between just two 
levels - which are the same for any 
devices from a particular logic family. 
This provides a compatible arrange¬ 
ment whereby gates and other logic 
system boxes (that are yet to be 
introduced) can each be intercoupled 
without having to worry about 


matching voltage and impedance 
levels. However, when transferring 
logic signals between devices from 
different logic families translator 
circuits will be needed to make voltage 
levels compatible. 

Occasionally, but not commonly, it 
is more convenient to reverse the levels 
calling a 1 the lower voltage and 0 
the higher. This is denoted negative 
logic. Such a system is however seldom 
used in modern integrated-circuit logic 
families. 

Consider then the series contacts of 
Fig. 4. Assuming we use the positive 
logic convention where 0 represents an 
open contact and 1 a closed 
contact; it is easy to draw up columns 
as given in Fig. 8. 

When A and B are both 0 then so 
also is Z, for no contacts are made. 
Similarly, if either A or B are open. 
When both A and B are closed, that is 
a 1 each, then Z is made. This is called 
a truth table. 

Fig. 9 is the truth table for the 
parallel contacts of Fig. 4. In this case 
Z is 1 when A or B are 1. 

An interesting property of the AND 
and OR functions is their dual nature 
when -negated. For example, if we 
negate the inputs of the OR gate the 
truth table becomes that of Fig. 10, 


INPUTS OUTPUTS 


itiy 


ir> 


POSITIVE 1 NEGATIVE 
LOGIC LOGIC 


NAND AND 


(IN POSITIV 
LOGIC) 



Fig.10. Truth table showing that negative 
logic (or negated positive logic) input to an 
OR gate provides NAND output. 


64 


ELECTRONICS IT’S EASY - VOL.2 





































the output of which is the NAND 
fuhction. Hence a negated input OR 
gate is a NAND gate. Also, by similar 
reasoning, a negated input AND is a 
NOR. Put another way, in negative 
logic an OR becomes an AND and vice 
versa. 

UNIVERSAL GATES 

Using the basic gates, AND, OR 
and NOT, we can build a logic circuit 
for any given Boolean expression. 
Where there is a plus sign (+) we use an 
OR gate, where there is a dot we use 
an AND gate and we use an NOT gate 
for those functions that are negated. 

However it is interesting that the 
NAND gate can be used to obtain any 
desired function. It can be used to 
build AND, OR or NOT gates. In other 
words it is a universal building block, 
as is the NOR gate also. 

Thus the majority of gates used in 
modern logic systems are NAND gates 
with the occasional use being made of 
NOR gates and inverters (NOT) to 
minimize complexity. The use of one 
major form of gate simplifies 
manufacture and reduces costs. 

FAN OUT 

There exists a finite number of 
circuits that can be safely connected 
to the input, or the output, of logic 
elements. This number is called the 
fan-in and fan-out 1 respectively, and 
give's the number of standard loads 
that can be accommodated. Fanouts 
of 10 and 30 are typical load factors. 

EXCLUSIVE OR 

One other important gate is a 
special class of the OR - the exclusive 
OR. The logic action of this gate is 
seen by studying its truth table which 


EXCLUSIVE-OR 


(z = A©B) 
for two input exclusive 



<e logic packaged in 1C flatpack. 
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is given in Fig. 11. In this variation of 
the basic OR gate the output is 1 for 
either A or B but not when both are 1 
simultaneously. Written in Boolean 
algebra symbols this gate performs 
A.B+A.B=Z. (Symbols written as AB 
imply that a dot exists between them; 
it is common practice to omit the 
AND dot). 

MORE COMPLEX LOGIC 

The exclusive OR gate is more 
complex than the other gates discussed 
above because it contains more than 
one basic gate — it is a small logic 
system in itself. Fig. 12 shows how 
two inverters, two AND gates and one 
OR gate can be interconnected to 
achieve the exclusive OR requirement. 

A second example is given by 
considering a function 

Z = ( A.B) + (C.D.E)+(F.G.H.)+(I J.) 



The problem might be to realise a 
logic network that performs this 
logical task — imagine trying to* 
describe it in words! Brackets are used 
to ensure that sub-connections are 
made in the correct way; as in linear 
algebra operations in brackets are dealt 
with first as individual units. 

The first step in realising the 
network is to form the dot AND 
functions of Z. We need two two-input 
AND gates and two three-input AND 
gates. (It matters not. if a gate has 
more inputs than needed — the unused 
terminal is ignored). The outputs of 
these four AND gates are then fed into 
the inputs of a four input OR gate so 
that the function under the negation 
bar is achieved. At this point we could 
select an OR gate followed by an 
INVERTER or make use of a NOR 
gate direct. 

When drawn as a system of 
interconnected schematic blocks it 
appears as in Fig. 13a. Also given in 
Fig. 13b is how a 14 pin dual-in line 
1C would appear that performs this 
function. 

As a third example the exercise rs 
to devise a logic network that will 
add (in binary system) two binary 
inputs producing the binary sum 
output plus a carry output. This 
function ,-called the half-adder, forms 
the basis of digital computation with 
binary numbers. 

' Back in Part 5 the concept of the 
binary number system was introduced 
showing that the counting base is 2 
instead of the more commonly 
encountered 10 of the decimal system. 
At any digit position in the binary 
number, the value can be only 0 or 1 
so addition of two binary numbers 
gives a value at each digit position that 
alternates as 0 1 0 1, etc., as-counting 
progresses. When 0 and 0 are added we 
obtain 0; when 0 and 1 are added we 
get 1. When 1 and 1 are added we 
cannot have 2 in a binary system so it 
returns to 0 with a carry of 1 going to 
the next higher digit position. Fig. 14 
illustrates this idea — try adding the 
two numbers! A half-adder does this 
operation for one digit position. The 
truth table for the half-adder is, 
therefore, as given in Fig. 15a. 
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AND CONDITION 
Fig. 15. (a) Truth tabit 


EXCLUSIVE OR-CONDITION 
for half-adder logic. 



Fig. 15 (c). The half adder using NAND gates only. 


The sum column shows we need an 
exclusive -OR to provide the sum value 
— hence its importance in computer 
design. A carry is to occur when both 
A and B appear so an AND gate is 
needed. From these we can develop 
one form of the half-adder system — 
given in Fig. 15b. Note how the 
complexity is growing. Such a circuit 
requires around 30 or more passive 
and active components and hundreds 
of such circuits are needed in a digital 
computing circuit. A version of the 
same circuit only constructed using 
NAND gates is given in Fig. 15c. Note 
that NAND gates 1 and 2 have both 
inputs tied together, they therefore 
perform the NOT function. Try your 
Boolean on this as follows - . 

SOME LAWS OF BOOLEAN 
ALGEBRA 

When devising systems of logic the 
situation soon arises which calls for 
knowledge of the rules for 
manipulating Boolean expressions. 
Possible reasons for this may be that a 
limited range of logic functions are 
available, so conversion of an 
expression is needed, or that a large 
expression may not be in its simplest 
state. Reduction to its non-redundant 
state means use of less elements. 

A number of axioms (truths based 
on experience) exist for relationships 


between Boolean statements. There is development — for that see the reading 
little point in dwelling on their list. The following relationships are 
individual proofs and historical summarized to assist when needed: 

de Morgan's rule 1 : A + B = A.B 
de Morgan's rule 2 : AjB.=S+B 
Commutative laws : A + B = B + A 
A.B = B.A 

Associative laws : A.(B.C) = (A.B).C-A.B.C 

A + (B + C) = (A + B) + C = A -t B + C 
Distributive laws : A.(B + C) = A.B + A.C 

A.C + A.D + B.C+ B.D = (A + B) . (C+ D) 

This is as for linear algebra but with 
extra cases: - 

A + B.C = (A + B) . (A + C) 
and (A + B) . (A + C) . (A + D) = A + B.C.D 
Absorption laws : A + (A.B) = A 
A. (A + B) = A 
Double negation : not A = A 
Universe class laws : A + 1 = 1 
A.1 = A 

Null class laws: A + O = A 
A.O = O 

Complementation laws : A + A = 1 
A.A=0 

Tautology laws : A + A = A 
A. A = A 

Expansion laws : (A + B) . (A + B) = A 
(A.B) + (A.B) = A 
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MINIMIZATION 

To save components the network 
first realised by inspection from a valid 
truth table may well not be in its 
simplest or so-called minimal form. In 
simpler cases, application of the above 
Boolean algebra laws by a well- 
practiced person can often come up 
with simplifications. 

Beware, however, of applying linear 
algebra rules of factoring. It is quite 
wrong to cancel or subtract equal 
terms in both sides of a Boolean 
equation. 

Unfortunately, no direct way is 
known with which to arrive at a 
minimal network by a routinely 
declared simple procedure. The nearest 
we can get to this is by means of a 
Karnaugh mapping procedure which 
we do not discuss in this course as few 
readers will be required to be expert in 
this facet of digital electronics. 

An example will show how a simple 
system can be minimized by 
inspection. Consider the expression Z 
= (A + B) . (A + C) . (A + D). This is 
readily seen to be the logic network 
given in Fig. 16a. From the 
distributive laws given above this can 
be rewritten as Z = A + B.C.D which 
represents the logic configuration of 
Fig. 16b. This minimal form requires 
two less gates (provided a three input 
AND gate is available). 

THE VENN DIAGRAM 

In the early days of logical algebra 
development, John Venn developed a 
system of overlapping circle diagrams 
as an alternative way with which to 
express the concepts contained in the 
truth table. Venn's diagrams consist of 
overlapping circles contained in a 
rectangular box. Each circle represents 
one of the required number of 
independent input variables - A, B, C, 
etc. If the output variable Z is a 1 
(assuming that is the convention 



D | -I- i _ S Z = A + B.C.D 

n 1 J (b) 

Fig. 16. Logic network realising Z = (A + B). 

(A + C). (A + D) 

(b) Simplified network. 



chosen) the appropriate area of the 
circles is shaded. The rules are that 
inside a complete circle its variable is 
not negated, outside it is negated. 
Overlapping area of common circles 
represents their AND combination. 
The examples given in Fig. 17 
illustrate the use of Venn diagrams in 
various simple logic situations. The 
concept extends to as many circles, 
that is, inputs as are needed. 

LIMITS OF BOOLEAN 

There are a number of limits to the 
use of Boolean algebra. In the logic 
combination we have considered so 
far, there has been no mention of time 
or of any feedback around the circuit. 
In practical systems, time delays always 
occur and, further, other elements 
such as counters, multivibrators and 
memory devices are generally present 
whose state depends, not only on the 
logical inputs at any given time but, on 
what has happened previously! 
Boolean algebra is unable to deal with 
such situations. 

In addition, if a function is 
minimized by means of Boolean it 
does not follow, that the derived 
circuit is the cheapest possible. The 
minimized circuit may call for 3-input 
AND gates, say, but it could well be 
cheaper to use the more readily 
available NAND gates - even if more 
gates are required to achieve the same 
function. 

Thus it can be seen that Boolean 
algebra is far from an infallible means 
of arriving at the cheapest possible 
solution. In fact it may not give any 
solution at all! Engineering skill and 
ingenuity are still the most important 
factprs in efficient logic design. It is of 
value however, and does give a good 


FURTHER READING 

Most books on digital computer 
design include a chapter on Boolean 
algebra and binary arithmetic. 

"Electronic Computers — Made 
Simple", H. Jacobowitz and L. 
Basford, W.H. Allen, London, 
1967. 

"Electronic Instrumentation Funda¬ 
mentals" A.P. Malvino - McGraw- 
Hill, 1967. 

"Numbers" R. Froom, Electronics 
Today International, July 1973, p. 
84-89 

For the historical development of 
computers and other data processing 
equipment see 

"A Computer Perspective" C and R 
Eames, Harvard University Press, 
Massachusetts, 1973. 


insight into the function of 
straightforward gate circuits. 

In the next part we will look at 
practical circuitry of logic gates and 
introduce several other basic digital 
circuit building blocks. We will then be 
ready to discuss digital systems in 
some degree of depth. 
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Fig. 1. The implementation of AND and OR gates using diode logic. 


NOW that we have a basic 
understanding of switching circuits 
and the algebra used to 
mathematically describe logical 
operations we can look at the modern 
methods used in solid-state circuitry to 
produce the various logic functions in 
integrated circuit packages. 

LOGIC FAMILIES 
DIODE LOGIC -DL: 

In part 21 it was explained how a 
single diode could be used as a switch 
by altering the bias or the input signal 
level. If more than one diode feeds the 


+5V 



Fig. 2. Typical RTL circuit of a NOR gate: 
any logical '/' input will give a logical ‘O' 
output. 


bias node the circuit becomes a gate. 
Three input AND and OR gates are 
shown in Fig. 1. The circuits are the 
same; the different class of gate arising 
because of different bias conditions in 
each case. 

Diode logic is the simplest form of 
solid-state logic, it is not available in 
integrated form but is often used in 
discrete designs to obtain logic 
functions at high, or unusual 
(compared to standard 1C logic) 
voltage levels. 

RESISTOR-TRANSISTOR 
LOGIC-RTL: 

Logic gating operations can also be 
obtained using transistors acting as 
switches in various ways. Fig. 2. shows 
a t ypical RTL NOR gate for which 
Z = A + B + C. Base current appearing 
at A, B or C will cause the respective 
transistor to switch to the ON state 
taking the output to ground which is a 
'0' in a positive logic system. 

This family was the first to be used 
in the now more usual integrated- 
circuit form based on the planar 
manufacturing technique (one in 
which a mask is used to selectively 
diffuse impurities into a pure substrate 
in order to produce and separate active 
device junctions). 

RTL is based on a supply of 3.6 V. 
Propogation delay is 12 nS for a 
medium power gate and 40 nS for a 
low power gate. It is a reasonably 


economic family to use but needs 
more space than the alternatives 
developed since. This form of logic 
was very much in vogue in the early 
1960s but, although still manufactured 
ty some companies for replacement 
purposes, is an obsolete type not used 
in new design. 

DIODE TRANSISTOR LOGIC 
- DTL: 

This was the next family developed. 
The devices of the family use resistors, 
diodes and transistors. Initially DTL 
logic was constructed with discrete 
components. These designs were then 
integrated as shown in Fig. 3. Later 
devices used transistor input logic 
instead of diodes, thus reducing the 
input current requirement and 
allowing higher fanouts. Typical noise 
immunity (for a 5 V supply level - the 
standard used) is around 1 V. The 
delay time for a pulse signal to travel 
through, that is, the propagation delay 
between input change causing output 
change, is around 30 ns. Output is 
> 3.5 volts for a '1' and < 0.4 volts for 
a 'O'. 

It has a generally lower speed and 
lower noise immunity than other 
families. The advantages of DTL are 
the reasonably high fanout of 10 and 
the ease of interfacing or coupling a 
stage to the TTL family to be 
considered next. 

A similar family is HTL (high 
threshold logic) which uses 15 V 
supply lines and zener diodes. This is 
useful in situations where high noise 
levels occur because this logic is more 
immune to noise effects than is DTL. 



Fig. 3. An early integrated circuit design 
for_a NAND gate in diode-transistor logic — 
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Fig. 4. In the TTL (transistor-transistor logic) form of NAND gate 
a multi-emitter transistor replaces the diodes of DTL. 







TRANSISTOR-TRANSISTOR 
LOGIC-TTL: 

This is the most popular logic family 
in current use. It has higher speed and 
driving capability than DTL. The 
propagation delay is around 12 ns 
which is quite fast enough for the 
majority of computing applications. 

A ty pical TTL gate circuit for Z = 
A.B.C. is shown in Fig. 4. Note how 
the diode input gate has been replaced 
with a multi-emitter transistor. This 
multi-emitter technique reduces the 
input capacitance thus speeding up the 
switching time, as well as simplifying 
manufacture. In TTL the supply is 
+5 V, the output switching between 
around > 2.4 V for a 1 to < 0.40 V 
for 0 (in positive logic). Fig. 5 shows a 
TTL signal switching state with time. 

For all of its popularity TTL is not 
ideal, especially for the fastest circuit 
operation or where the lowest power 
consumption is required. Another 
difficulty with TTL is that switching 
transients occur (see Fig. 5) at the 
transitions. It is also not particularly 
suitable for large-scale integration by 
virtue of the relatively large amount of 
space and power required by each gate 
function. 


EMITTER-COUPLED LOGIC 
-ECL: 

A typical ECL stage is shown in Fig. 
6. As this operates in the linear mode, 
that is, without allowing the active 
devices to go into saturation, it gives 
high-speed 2-3 ns switching times. It, 
however, needs a moderate power 
requirement, is not particularly noise 
immune and needs an extra power 
supply line. Supply voltages used for 
ECL vary but when typical supply rails 
of 0 V and -5.2 volts are used the 
output is —1 volt for the '1' state and 
—1.6 volts for the '0' state. 

Each of the above logic families is 
based on the use of the transistor 
semiconductor junctions — the 
so-called bi-polar technique. Around 
1970 ECL emerged as a possible future 
contender to TTL and at the same 
time another quite different kind of 
semiconductor active device became 
freely available — the field effect 
transistor FET. A variation of this is 
the insulated-gate field-effect 
transistor IGFET. Fig. 7 lists the 
symbols of the basic FET structures 
used in logic. This technique is 
manufactured using 
metal-oxide-semiconducting materials; 



four terminal enhancement-type IGFET 



Fig. 7. The symbols used for the various 
types of FET device. 
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Fig. 9 (a). A CMOS 2-input NOR gate, 
(b). A CMOS 2-input NANO gate. 


abbreviated to MOS. Hence, the 
MOSFET is a metal-oxide- 
semiconductor field-effect-transistor. 
They can be made in the two 
complementary ways, P or N, of which 
the first is most conventional giving 
the PMOS technique. With 
improvements in technology the 
NMOS technique is also being used for 
very complex circuit blocks. 

The attraction to manufacturers and 
users of MOSFET devices is that the 
packing density of the active devices is 
the highest of all types - much better 
than TTL. It is, however, not as fast as 
TTL but adequate for a large part of 
the consumer market. FETs have 
extremely high input impedance, 
1.0 Tf2 (1 000 000 M £2) is common. 


+ 10V 



THE CMOS FAMILY 

1C device designers went a step 
further in the early 70's to produce 
yet another family - the 
complementary metal oxide 
semiconductor logic — CMOS. This 
combines both the P and N, MOS 
technique in a complementary manner 
to produce a more ideal switching 
action than PMOS — Fig. 8 illustrates 
the difference between the two. Fig. 9 
is the schematic of a CMOS two-input 
NOR gate. One of the most significant 
advantages of CMOS is its low power 
dissipation. Because of the 
extremely-high off-resistance of MOS 
transistors, and because only one 
transistor of the series-inverter CMOS 
pair is ever on at the one time, the dc 


current drain of a CMOS inverter is in 
the low nano-ampere range as 
compared to 0.2 milliamps for a 
low-power TTL inverter. At the 
system level a CMOS system typically 
requires one-twentieth to one-thirtieth 
the power required by an equivalent 
TTL system. In fact torch batteries 
are adequate to run quite complex 
CMOS devices. 

Because of the complementary 
configuration CMOS has high 
common-mode noise immunity (such 
as power supply variations). It will 
operate with supplies from 3 V to 
16 V and needs only a single positive 
supply. In addition the high packing 
density has allowed the building of 
low cost large-scale-integrated (LSI) 
packages. Interfacing to conventional 
transistor logic is easy because it has a 
low output impedance. It generates 
low noise because of nicely 
conditioned rise and fall times. The 
fan-out factor of 50 is the highest of 
all logic because of the extremely high 
input impedance. Its speed is better 
than PMOS but not quite up to that of 
TTL - propagation delays being from; 
12 to 60 nanoseconds depending upon 
supply voltage used. 

We have merely glossed over these 
various kinds of device because we are 
mainly concerned here with digital 
systems in general. To design systems 
requires little in-depth understanding 
of the manufacturing method used for 
the actual logic element. The logic IC 
is merely a black-box with certain 
input-output characteristics as stated 
on a data sheet. 

Why do new families keep emerging? 
The facts are that there is still a cost 
saving to be had and the market is 
huge. The estimated value of the total 
market for 1C devices in 1975 runs to 
around $300 000 000. CMOS offered 
new horizons in cost savings in 
manufacture. As a bonus from the 
power requirements of CMOS systems, 
the so-often neglected power supply 
cost drops remarkably. One example 
published in 1973 gave the comparison 
that a given transistor-based logic 
(called bipolar to distinguish it from 
MOS) would have a power supply cost 
of 33c per MSI bipolar function 
compared with 2c for CMOS. In fact 
one watt will power 50 CMOS devices. 

We have all experienced the 
remarkable increase in the use of 
active devices in the last decade or so. 
A transistor radio now costs $1.50 to 
make commercially - and there the 
semiconductors are but a small part of 
the cost. (Just one common 
thermionic valve costs more than this 
today!) A calculator using hundreds of 
devices can be bought for $10. 
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Fig. 10. The basic logic gates of the TTL family. 





Minicomputers and microprocessors 
are rocketing down in price — tens of 
thousands of elements for a few 
hundred dollars. It might be argued 
that reducing the price will soon 
reduce the makers' total income but as 
prices fall, applications for digital 
circuitry widen at an even faster rate, 
thereby keeping up an expanding 
demand. 

THE DUAL-IN-LINE 
PACKAGE 

The most commonly used form of 1C 
logic package in small batch 
production is the dual-in-line 
arrangement with 8, 14 or 16 pins. 
Large-scale integration LSI used by 
specialist manufacturers will vary in 
number of connection, but systems 
based on these require very large 
volume sales to make a large special 
system economic. Thus LSI chips are 
largely restricted to computers or very 
high volume things such as emulators 
and digital clocks. 

The number of connections decides 
the available combination of functions 
or inputs and outputs. Assuming a 
need for two power-supply 
terminations, of which one is the 
common for all functions, a 14 pin 
device will have 12 pins available to 
produce various combinations of 
input. Fig. 10 shows the main units 
that are marketed. Available are the 
sextuple inverter (6 inverters with one 
input and one output each); the quad 
2 input NAND (four two-input NAND 
gates); the quad two-input NOR, triple 
three-input NAND, dual four-input 
NAND, single eight-input NAND plus 
other more special combinations such 


as a more powerful dual four-input 
NAND buffer and others to be 
discussed below. Each gate function is 
a quite separate entity on the 
substrate; when schematic circuits are 
drawn the individual gates can appear 
anywhere on the system schematic, as 
shown in Fig. 11, where part of a 
digital-voltmeter circuit is given. Fig. 
12 shows a component overlay and 
actual circuit boards for the same 
voltmeter. 

As well as gates there are several 


other basic digital-system building 
blocks. These are the flip-flop, (more 
correctly called the bistable), the 
monostable, the astable and the 
Schmidtt trigger. Let us look at each 
in turn. 

THE FLIP-FLOP 

Gates are used to perform logical 
arithmetic, such as, allow event A to 
occur when B or C have operated. 
Digital systems can be greatly 
enhanced by the addition of blocks 
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Fig. 12. Wiring layout and actual circuit boards of the DVM shown in Fig. 11. 


that remember and count the digital 
numbers. It is quite possible to use the 
gates we have discussed to form 
counting stages but it is more 
economical to build specific circuitry 
that will count pulses and/or store 
values in a binary form. The basic 
block of modern counting technique is 
the flip-flop — FF or bistable - one of 
the multivibrator family. 

The most elementary flip-flop circuit 
is repeated from Part 18 as Fig. 13. It 
consists of two-transistors and several 
resistors which are dc coupled in such 
a way that each stage provides a signal 
which controls the state of the other. 


In essence the characteristic behaviour 
is that one stage will be held ON when 
the other is OFF, or vice versa. To 
reverse the situation a pulse or change 
in input signal level (which can be 
applied to either the base, emitter or 
the collector) will cause the system to 
toggle over to the other state. Because 
of the heavy degree of positive 
feedback provided, the circuit does not 
dwell in the in-between state. State 
change is very rapid — nanoseconds' in 
well designed 1C flip-flops. 

A decade ago flip-flops were built 
from two, or in the faster toggling 
circuits, four transistors. Considerable 


effort was expended to provide a fast, 
reliable flip-flop action. Today a 
typical 1C equivalent, see Fig. 14, uses 
many active elements for less cost than 
two discrete transistors. As discrete 
designs play no real part today we will 
only give the characteristics of the 
flip-flop, not its design details. 

Flip-flops provide a counting action 
because each pulse at its input causes 
the system to switch over one state - 
the output, therefore, switches state at 
each second input pulse providing a 
divide by two action. The output is a 
switched level which can then be used 
to pulse a following stage dividing by 
two again and so through cascaded 
flip-flops. 

The most commonly used flip-flop 
symbols are given in Fig. 15. Outputs 
are denoted by the symbol Q. A flip- 
flop has two outputs, one of which is 
the inverted value of the other, that is, 
Q and Q. The pulsing input is denoted 
T for trigger. As well as these 
connections we need a set and reset 
input denoted S,R. (Although often 
only R is provided). These enable the 
flip-flop to be set up on demand with 
the output Q set to either 0 or 1 state 
as is needed. This is essential firstly 
because a flip-flop can come up in any 
state when the power is energised, and 
secondly because it may be necessary 
to set counter stages to a given binary 
number. 



Fig. 13. A basic flip-flop built with discrete components. 
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FLIP FLOPS 


DIP (TOP VIEW) 


SCHEMATIC DIAGRAM 


R-S (set-reset) flip-flop 



Fig. 15. Schematic symbols used for 
different types of flip-flops. 



LOGIC DIAGRAM 



Some flip-flops provided in 1C form 
also may contain three-input AND 
gates that feed the set and reset inputs. 
These are known as the J and K inputs 
giving the name J-K flip-flop. The JK 
flip-flop overcomes an ambiguous 
output state, when both inputs are 
high, that occurs with the RS flip-flop. 
We will see, when counting systems-are 
discussed, why the reset ability is vital 
in many counters. Fig. 16 gives the 
schematics of some of the available 
flip-flop ICs. 

THE MOIMOSTABLE 

If one of the bias resistors of the 
bistable circuit is replaced by a 
capacitor, as shown in Fig. 17, the 
circuit provides a different action from 
the normal flip-flop. When triggered 
the circuit changes state, but only stays 
toggled in the changed state for a time 
decided by the product of the values 
of the capacitor and its "charging" 
resistor R. (T = 0.7RC). Hence a pulse 
input will cause the output to change 
state and remain there for a chosen 
time interval before it triggers back to 
the original state. 

The monostable, also called a 
one-shot or single-shot provides, as we 


saw in Part 18, an output pulse having 
a designed length and height which 
remains the same irrespective of the 
input pulse shape. It, therefore, finds 
application as a pulse reshaper. As the 
duration is fixed it can also be used to 
generate a pulse that is delayed from 
the triggering pulse by the length of 
the monostable pulse. Monostables are 
available in 1C form, and can provide 
pulses of duration from 20 ns upwards 
to minutes or more by appropriate 
choice of values. 

THE ASTABLE 

If both feedback paths use capacitive 
coupling the circuit becomes 
self-toggling with the stages alternating 
in state without being externally 
driven. We considered this circuit in 
Part 18 when discussing signal 
generation. The astable is important in 
digital systems for it provides the 
square wave signal that increments the 
digital system along pulse by pulse. It 
acts as the 'clock' regulating a digital 
system's sequential operations. 

Astables are not usually produced 
directly in 1C form, for the same action 
is obtainable with other elements, for 
instance, with the next element to be 
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considered, th^ Schmidtt trigger. Fig. 
18a shows a clock source based on a 
Schmidtt trigger 1C. Fig. 18b shows 
one based on two NAND gates. 

THE SCHMIDTT TRIGGER 

This unit, also introduced in Part 18, 
toggles over from one state to the 
other at a certain input voltage level. It 
remains in the opposite state until the 
voltage falls below the threshold level. 
The Schmidtt trigger is used to 
produce digital signals from analogue 
signals providing the two necessary 
binary levels at the output which 
indicates whether the analogue signal 
is above or below the threshold and, 
which are compatible with the rest of 
the digital system. 

The Schmidtt function is available in 
1C form as a dual-in-line pack. It has a 
four input AND gate feeding the 
actual trigger circuit and is buffered 
with an inverter. The Schmidtt trigger 
is readily identified in Fig. 18. Its 
preferred symbol is given in Fig. 19. 

YOUR LIBRARY 

There are a bewildering number of 
digital ICs and to identify them 
correctly it is wise to have a good 
range of manufacturers' catalogues and 
application notes. 



FURTHER READING 

The reading list given in Part 22 is 
also relevant to this part. 


Fig. 18(a) LEFT: A Schmidt trigger com¬ 
bined with a transistor provides an astable 
multivibrator action. 

Fig. 18(b) BELOW: Astable action may 
also be produced with two NAND gates. 
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counters and 


shift registers 


IN THE preceding articles of this series 
we have described the basic building 
blocks of digital systems. To 
summarize, there are the various gates, 
the flip-flop, the monostable, the 
Schmidtt trigger, the inverter and the 
square-wave clock source — a 
surprisingly few basic elements from 
which all the countless different forms 
of digital equipment are constructed. 
We are now in a position to 'examine 
how digital signal systems are put 
together using these basic building 
blocks. 

DIGITAL NUMBERS INTO DIGITAL 
SIGNALS - COUNTER SUB 
SYSTEMS 

Not long ago digital systems were 
invariably built up from individual 
blocks where each of the above 
functions could be clearly identified in 
the system. But not so now. Many of 
t.le blocks now marketed as basic 
building elements are complex systems 
in themselves. The most extreme 
exapiple is probably the micro¬ 
processor system (it provides the bulk 
logic requirement of a powerful 
computing system) which is now 
available as a 'throwaway' element for 
around $100 or less. It would take to 
the end of this course to begin to 
appreciate the complete system - 
operation of such a building block! 


We have already become involved in 
small systems — the exclusive OR and 
the half-adder of Part 22, for instance. 
The next step to take is to form 
sub-systems with the fundamental 
blocks that provide us with the facility 
to form and manipulate digital 
numbers, because many (but not all) 
digital systems operate with numbers 
either to provide means of calculation, 
or to provide a display of numbers. 
Thus we need to know something of 
digital counters and the somewhat 
similar units known as registers. 

We saw in the previous part how 
the flip-flop provides a counting action 
by virtue of its ability to switch states 
for each pulse appearing at its input. 
However nowadays it is a level change 
rather than a complete pulse which 
causes the transition. 

BINARY COUNTING 

Cascaded flip-flops, such as shown 
in Fig. 1, form the simplest type of 
counting system. Each time the input 
changes state, the A flip-flop toggles 
back and forth delivering a state 
change to flip-flop B for each second 
input change — and each fourth 
change to C and eighth change to D 
and so on. 

At any instant (where the input is 
presumed stationary, at least for the 


interrogation period) the outputs A, B, 
C, etc. will either be at a 0 or 1, as 
shown in the truth table. For example, 
a count of five (decimal) will be 
registered at 101 for CBA respectively. 
Note that the truth table appears to be 
written back to front - the reason is 
simply that we write numbers (by 
convention) with the most significant 
digit to the left hand of the number 
and this corresponds with the furthest 
right-hand flip-flop, its position on the 
schematic arising from the drawing 
convention used for the signal-flow 
through information systems. Thus a 
stream of input pulseis with time are 
converted into a multi element digital 
number. This form of input is oft^n 
referred to as a "crazy-digital" number 
system when applied to systems 
incorporating measuring sensors. Such 
sensors generate pulses not having any 
clearly obvious relationship with time 
— examples are digital-position sensors 
wherein a pulse is generated for each 
unit displacement occurring. 

Clearly, if the state of A, B, C, etc. 
is to represent a number the count 
must start from some clearly defined 
initial condition for each stage — 
often, but by no means always, stages 
are reset to 000 — by applying a level 
to the reset R line. In some 
applications the number must begin at 



Fig. 1. The asynchronous or ripple-through binary counter is the simplest to implement with flip-flops. 
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VALUES 0 OR 1 AS 
REQUIRED FROM 
SWITCH OR 
PERMANENT 
CONNECTION 


Fig. 2. Counting stages require their initial condition's be set — either to Os or to desired 



Fig. 3. Synchronous binary up-counting with JK flip-flops. 



Fig. 4. Reverse counting is simple — use complement outputs instead to trigger the 
next stage, (a) Ripple-through count-down. 



a specific value. This is achieved by 
operating the preset lines accordingly 
for each stage, the value being 
arranged, say, by the setting of 
numeric dial switches usually oper¬ 
ating through solid-state gates. Once 
these are set, a single command signal 
can preset the whole counter to that 
chosen number. Figure 2 shows how 
this is achieved using gates. 

It is often desirable to display the 
digital value for visual interrogation. 
An indicator lamp (light emitting 
diodes LEDs are now used) driven 
from the A, B, C, etc., will show the 
positive logic, binary number. Driven 
from A, B, C, etc., it would show the 
negative logic number. 

Waveforms for this form of counter 
(called the ripple-through type) are 
shown in Fig. 1. Although we refer to 
pulses flowing through, the waveforms 
are actually square-wave trains in the 
dynamic state, or levels in the static 
state, that have frequencies divided 
down in the ratio 1:2:4:8 etc. This 
'pulse' form of expression is a 
hangover from the early days of digital 
technique (just a decade ago) where 
actual pulses, not levels, were used to 
trigger flip-flops. Each square-wave 
transition was differentiated by a 
simple RC circuit to provide a pulse of 
energy that triggered the next stage. 
Today, this method is unnecessary and 
is seldom used. 

ASYNCHRONOUS AND SYNCH¬ 
RONOUS COUNTING 

Once an input pulse has occurred, it 
sets the chain in action, each flip-flop 
passing each second input pulse on, to 
the next stage. As each stage has a 
finite delay time - nanoseconds with 
TTL, microseconds in older forms of 
logic — each stage triggers at a later 
time than the one before it. Hence the 
form of action of each stage is said to 
be asynchronous with the others. Thus 
whilst the pulse is rippling through the 
counter the outputs are in an 
undefined and changing state between 
the previous and next correct states. 
The output cannot therefore be read 
until the whole thing has settled. 
j It is quite common to have binary 
counters with over 20 stages — at 
100 ns delay in each, the maximum 
input pulse counting rate (if the 
outputs are to be used whilst it is in a 
counting transition mode) would be 
limited to 2/us between incoming 
pulses, that is, 500 kHz. Faster logic is 
available that provides around 20 ns 
delay but this still seriously restricts 
the data-transmission rate where the 
ripple-through design is used. 

This disadvantage can be overcome 
by increasing the circuit complexity 
somewhat to form what is known as a 
SYNCHRONOUS counter. Each stage 
in the cascaded chain is fed a clock 


Fig. 4(b) Synchronous count-down. 

ELECTRONICS IT’S EASY - VOL. 2 


77 














































pulse simultaneously via control gates. 
The control gates for each stage also 
receive inputs from all previous stages 
such that the particular stage only 
operates at the correct count. 

By this means all stages operate 
synchronously and the propogation 
delay is reduced to that for a single 
stage only. Synchronous counters are 
essential where the outputs of all 
stages must be decoded in parallel, eg, 
where a display of the count is 
required. However for straight 
frequency division applications, where 
the output is taken only from the last 
stage, a ripple counter is normally 
faster than the synchronous type. 

The logic-gate inputs of the JK 
flip-flop allow them to be connected 
for synchronous counting as shown in 
Fig. 3. It is not important to know 
how JK flip-flops work internally for 
counters are now built by cascading 
ICs as per application note 
instructions - it takes a specific type 
of mind to realise digital counting 
systems without effort! Fortunately 
for those of us without this ability it is 
rarely needed except, of course, by 1C 
designers. 

UP, DOWN AND REVERSIBLE 
COUNTERS 

So far we have only looked at 
counters that increase up the binary 
number scale for each additional 
input. To make the same system count 
down' is incredibly simple — we merely 
re-connect them so that the 
complemented outputs are fed to the 
next stage — see Fig. 4 — instead of 
using tjie normal output, that is, feed 
A, B, C, etc. to the count inputs. It 
will then count down in binary 
sequence. Intuitively we would expect 
this because of the two-state 
complementary nature of binary 
numbers. If you are worried about 
numbers passing through zero, try 
your digital arithmetic on a 

count-down case starting at 000. 

In many applications needing 

counters, one-way counting is 
satisfactory. Examples that come to 
mind are nucleonic pulse-event 

counters, counter-timer units and 
counts of objects passing a given point. 
In some requirements, however, the 
need is to add or subtract pulses to 
provide at any time the instantaneous 
sum or difference between two inputs, 
or to give the nett value from a single 
measurement parameter that alternates 
in sign. Examples here are digital- 
position indicators where the direction 
of movement reverses, integration of 
reversible variables such as the flow of 
solid or liquid past a point the number 
of vehicles in a car park, and situations 
where the difference between two 
pulse-train variables is needed. 

Several methods may be used to 



EITHER UP OR DOWN LINE 
ENERGISED AT ONE TIME - 
NEVER TOGETHER 


Fig. 5. Reversible counting uses fast switches to select which output of each stage feeds the 
next, (a) Asynchronous — line controlled. 



COUNT DIRECTION 1 DOWN 0 UP 


Fig. 5(b) Synchronous — line controlled. 



Fig. 6. The shift-register is also built from flip-flops but with different connections 
to counters, (a) JK type 



Fig. 6(b) D type. 
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-— (b) division 2Q = 7 in decimal 


Fig. 7. Binary multiplication and division follows the same rules as 
decimal numbers but note how simple multiplication becomes — a 
process of shifting and adding 0 or 1. 
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Fig. 8. Registers can provide serial to parallel word conversion, the 
reverse also applies. 


also possible to design counters that 
will accept a hew pulse while the 
system is still in transition. This is 
done by 'holding' the pulse (by 
applying a delay) until the counter is 
ready to accept it. 




A & tly 



tt 
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Fig. 9. Schematics of 1C units, (a) Binary stages for counting or other purposes, (b) 8-bit shift 
register. 


construct up-down or reversible 
counters. The most common method 
is to use a common pulse-count input 
that accepts both 'up' and 'down' 
pulses, the decision to add or subtract 
each individual pulse being decided by 
the simultaneous voltage levels applied 
to control lines. The control lines 
select whether the pulse is_rojJted 
through the A, B, C, etc., or A, B, C, 


etc. paths. Switching is accomplished 
using logic gates as shown in Fig. 5a 
and 5b — these provide adequately fast 
switching. In the ripple-through 
variety the direction-line commands 
must be held stationary until the 
counter stages have settled in order to 
preserve accurate counting. The delay 
is less pronounced in synchronous 
designs. Within certain limitations it is 



Fig. 10. Four JK flip-flops connected to count as a normal binary coded decimal NBCD stage. 


SHIFT REGISTERS 

Although not a counter in the same 
sense as above, the shift register also 
consists of a cascaded chain of 
flip-flops but with different connect¬ 
ions. The purpose of the register is to 
hold a binary number but allow it to 
be shifted as a whole to the left 
(toward the most significant digit r- 
called a forward shift register) or to 
the right (toward the least significant 
digit — the reverse shift register) one 
step for each input pulse. 

As shown in Fig. 6, the 
incrementing signal, which is more 
usually a free-running clock signal than 
a one-at-any-time instruction, feeds 
the count inputs causing all stages to 
toggle in synchronism. The state of 
each following stage, being tied to the 
output of that preceding, goes to that 
of the one before with each clock 
pulse. Thus a number can be fed into 
one end in serial fashion and will be 
caused to pass through the register. 
The whole is cleared to zeros or reset 
to any desired value-via the reset input 
line. Using D-type counters outputs A 
etc., go to D inputs. Whereas when 
using J-K counters A, etc. go to J 
inputs. 

Registers perform three main 
functions in digital systems. Firstly a 
digital number can be delayed in time 
by the additive propagation time 
(divided by the clock frequency) of 
the number of stages it passes through, 
or stored indefinitely (provided the 
power is held on). 

Secondly, one digital number can 
be successively offered up to another 
for digital summation of the two — a 
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basic step of multiplication by digital 
means. One number remains in 
position, the other increments across, 
the two being added at each step by 
the half-adder (part 22). Binary 
multiplication and division follow 
decimal number procedures but are 
much simpler — see Fig. 7. 

A third use for shift registers is for 
the conversion of digital data from 
serial to parallel form and vice versa. 
For example it may require a group of 
eight pulses to define the position of a 
shaft with sufficient accuracy. The 
group of eight pulses is called a word 
and each individual pulse is called a 
bit. To transmit this word we would 
normally need eight lines. However a 
single line may be used if the 
information is transmitted one bit at a 
time, with synchronizing pulses to tell 
the receiving equipment where each 
word starts and ends. If the data when 
received is fed into a shift register 
serially, eight bits at a time, each word 
will appear in parallel at the output of 
the shift register, providing synch¬ 
ronism is maintained, where it may be 
decoded. 

In reverse, a register can be set up 
to the desired number by the 
appropriate choice of stage inputs. 
Once set the register is incremented to 
feed out the number in serial manner 
to e single line. 

Many forms of binary counters and 
registers are available in integrated- 
circuit packages. Figure 9a shows the 
schematic of a binary counter having 
two bits on the chip - that is it 
contains two flip-flops ready to be 
connected to count. Figure 9b is an 
eight-bit shift register. Both can be 
cascaded with like units to extend the 
bit capacity to virtually any length of 
binary word needed. 

COUNTING IN OTHER THAN 
BINARY 

In the binary counting system each 
bit position requires a counter element 
that has two stable states. In the 
decimal counter each digit needs 10 
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Fig. 11. Ready-made 1C decade counter 
<SN 7490) 


states to describe the individual 
numbers. Similarly three states are 
required for a ternary system, five for 
quinary, eight for octal and so on. Ten 
is not the limit — we use 12s and 60s 
in time and angle subdivision. 

From the hardware realisation 
viewpoint, binary numbers are the 
simplest to hold because of the 
existence of the two-stage flip-flop. 
(Three state devices exist but have not 
gained favour). From the user's 
viewpoint, however, we are more 
familiar with decimal numbers — a few 
people can read and work with binary 
displays but more would agree that 
values like 1025 decimal, which when 
displayed in binary form required 10 
bits (10000000Q1), is difficult to read 
and interpret as a magnitude. 

Flip-flops ideally count in powers 
of two - 2, 4, 8, 16, etc. - so any 
other value such as three or 10 
requires modification to the counting 
procedure. 

The flip-flop chain must be made to 
skip the required number of unwanted 
states in the truth table in order to 
return to the zero position. It is 
probably evident that this implies a 
waste of counting capacity when states 
are not used. In 10s counting, four 
flip-flops are needed to create 10 
states - the other six of the 16 
possibles go unused. Similarly, with 
three's (called modulo-3) two 
flip-flops are needed wasting one of 
four states, and with modulo-5 


counters three flip-flops are needed 
with three wasted states. 

Although a decade counter uses 
only 10 out of the possible 16 states, 
of its four flip-flops, this is not 
necessarily as wasteful as it may at 
first appear. For example if we wish to 
count up to 9999 with decade 
counters we will need a total of four 
counters containing 16 flip-flops. To 
count to the same number with 
straight binary counters we need 14 
flip-flops - only two less. Additionally 
the ease of obtaining^ an easily 
interpretable display results in a 
system cost that is less than if an 
all-binary system were to be used. 

In computers, information handling 
capacity is at a premium and the need 
to display the internal numbers 
negligible. In such cases the 
octal-number system comes into its 
own because three flip-flops provide 
eight states without any waste of 
states, and without need for the extra 
components required to skip un¬ 
wanted states. The octal range is 0, 1, 
2, 3, 4, 5, 6, 7 and then back to 0. A 
number 312 (octal) is 3.8 2 + 1.8 1 + 
2.8° = 3.64 + 1.8 + 1 = 202 decimal. 
Note that the decimal number requires 
roughly the same number of bit 
positions as the octal number but to 
implement decimal in digital hardware 
would need four (compared with three 
for octal) flip-flops for each bit 
position. However, where output is 
needed for human use — printouts qnd 
readout in numbers — the decimal 
system is best. 

DECIMAL COUNTING 

To obtain the 10 states 0 to 9 w£ 
must begin with enough flip-flops to 
provide them. Decimal or decade¬ 
counting stages, therefore, need four 
flip-flops which count in some form of 
code over just 10 states. The most 
straight-forward realisation is to let 
them count through the normal binary 
code and to apply interconnections 
between stages which prevent 
illegitimate states occurring and, often 



Fig. 12. Schematic of reversible NBCD counter stage. 
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Schematic of a 

divide by 12 counter the TTL 7492. 



equally important, prevent the system 
locking up (as can happen in some 
counting systems). 

Decade counters using straight 
binary are denoted Binary Coded 
Decimal - BCD. As there is no real 
reason why a stage should start with 
decimal 0 and binary 0 coinciding, it is 
feasible to construct a large number of 
different BCD counter stages using 
different code sequences. If the zeros 
do coincide it is called normal BCD 
(NBCD). 

As we shall see in the next part, it is 
important to know that BCD code is 
used when the system needs a display 
in decimal. This is because the 
circuitry of the decoder depends upon 
the logic sequence of the counter as 
well as the requirements of the display 
method - more of that later. 

At this stage design becomes a 
matter for the expert but fortunately 
ICs are available with the whole 
counter and BCD unit constructed 
ready to act as one decade. To obtain 
multiple-position decade numbers we 
merely cascade decade counter ICs in 
accordance with manufacturers' data 
sheets. Figure 10 shows how four JK 
flip-flops can be connected to provide 
NBCD counting. Note the need for an 
additional NAND gate and inverter. 
Comparing costs, it would usually be 
illogical to build a counter this way for 
the cost of ICs to build such a system 
is higher than that for a ready-made 
decade stage such as that shown in 
Figure 11. 

Many applications require visual 
display with each decade: it is now 
possible to purchase an 1C with bount 
and decode functions combined in the 
one chip. 

The question of synchronous versus 
asynchronous counting in decimal 
stages still applies. As there are, 
however, only four stages in each 
decade, the ripple-through time is not 
usually as vital an issue as with binary 
counting. However, this time must be 
compounded with the ripple-through 
time for all decades — 12 or more are 
commgn on calculators. The fastest 
decade system is one where all decades 


are synchronised, not just individual 
stage flip-flops. The practical catch is, 
however, that synchronous designs 
require many extra connections as the 
number of stages increases. 

Reversible decade counters are built 
in a similar fashion to the binary types 
- using A or A etc., as needed. The 
problem is complicated by the need to 
lose states but once again few people 
would be called upon to design one 
from scratch as single -1C systems are 
marketed ready-made. Figure 12 
shows the schematic of a reversible 
synchronous NBCD counter. 

USING COUNTERS IN PRACTICAL 
CIRCUITS 

Application Notes explain the 
connections and any special conditions 
to be observed in using 1C counters. 
The electronic designer today regards 
the appropriate 1C as a black-box with 
pins which are wired accordingly — 
what is inside is of little consequence. 
Figure 13a shows how an 1C counter rs 
represented in a circuit diagram and 
Figure 13b shows how it is wired onto 
a printed-circuit board. The internal 
complexity is seen in the circuit 
schematic given in Figure 14. 

OTHER COUNTERS 

The register becomes a counter by 
joining the output to the input to 
form a ring-counter. This system 
passes a pattern around the loop one 
step at a time for each input pulse. 
Hence the logical state of the elements 
at any time represents the number of 
counts accepted. This is also a 
convenient way to recirculate a digital 
word which needs constant re-use. A 
faster version is the twisted - 
ring-counter. 

Counters are also used frequently as 
frequency dividers. For example, a 
1 MHz clock source passed through 
one BCD decade provides a source at 
100 kHz; through two decade Counters 
10 kHz and so on. AS it is more 
convenient to provide stable high 
frequencies than stable low frequencies, 
precise low-frequency pulse trains are 


best produced by this subdivision 
process. 

As four flip-flops will provide up to 
J6 states they can also divide by 12 by 
the use of stage interconnections. 
Figure 14 is the schematic of a divide 
by 12 counter. These are used in 
timing systems to provide two 
seconds, minutes and hours units. A 
divide by five plus divide by two is 
also available in the same 1C. 

Just eight years ago my technician 
and I built one of the fastest up-down 
decade counters reported at the time. 
It used discrete components, it took ' 
several months to build, could reverse 
at about 400 kHz, cost about $300 in 
components alone, needed a shoe-box 
size container and a hefty power, 
supply. Today a match-box size unit, 
including a battery, ■ virtually in¬ 
destructible in normal use, can be ref 
versibleat (at least) 10 MH^rates and is 
available 'off the shelf'. It costs a mere 
few dollars and is vastly more reliable. 
We have reached the point where the 
mechanicals — the knobs, dials, Case 
and boards cost more than the 
electronics circuitry. At the time of 
writing $110 buys a 100 step' 
programmable pocket-size calculator. 
We are truly in a systems, rather than 
components, age of electronic 
capability. 

FURTHER READING: 

An excellent inexpensive book worth 
purchasing is: "Digital Instruments 
Course — Part 1, Basic Binary Theory 
and Logic Circuits" — A.J. Bouwens, 
N.V. Philips Gloeilampenfabrieken, 
Eindhoven, Netherlands, 1974. (Avail¬ 
able from Philips offices). 

This gives a little more depth than 
this course can allocate and is 
recommended for those people who 
are involved with building digital 
systems routinely. 
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